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Principles of
Data Acquisition and Conversion

Introduction
Data acquisition and conversion systems interface
between the real world of physical parameters,
which are analog, and the artificial world of digital
computation and control. With current emphasis on
digital systems, the interfacing function has become
an important one; digital systems are used widely
because complex circuits are low cost, accurate,
and relatively simple to implement. In addition,
there is rapid growth in use of minicomputers and
microcomputers to perform difficult digital control
and measurement functions.
Computerized feedback control systems are used in
many different industries today in order to achieve
greater productivity in our modern industrial
society. Industries which presently employ such
automatic systems include steel making, food pro-
cessing, paper production, oil refining, chemical
manufacturing, textile production, and cement
manufacturing.
The devices which perform the interfacing function
between analog and digital worlds are analog-to-
digital (AID) and digital-to-analog (DI A) con verters,
which together are known as data converters. Some
of the specific applications in which data converters
are used include data telemetry systems, pulse
code modulated communications, automatic test
systems, computer display systems, video signal
processing systems, data logging systems, and
sampled-data control systems. In addition, every
laboratory digital multimeter or digital panel meter
contains an AID converter.
Besides AID and DIA converters, data acquisition
and distribution systems may employ one or more
of the following circuit functions:

Basic Data Distribution Systems

Transd ucers
Amplifiers
Filters
Nonlinear Analog Functions
Analog Multiplexers
Sample-Holds

The interconnection of these components is shown
in the diagram of the data acquisition portion of a
computerized feedback control system in Figure l.
The input to the system is a physical parameter
such as temperature, pressure, flow, acceleration,
and position, which are analog quantities. The
parameter is first converted into an electrical signal

by means of a tmnsducer; once in electrical form,
all further processing is done by electronic circuits.

Next, an amplzjier boosts the amplitude of the
transducer output signal to a useful level for further
processing. Transducer outputs may be microvolt
or millivolt level signals which are then amplified
to 1 to 10 volt levels. Furthermore, the transducer
output may be a high impedance signal, a differen-
tial signal with common-mode noise, a current out-
put, a signal superimposed on a high voltage, or a
combination of these. The amplifier, in order to
convert such signals into a high level voltage, may
be one of several specialized types.
The amplifier is frequently followed by a low pass
aclh'e filter which reduces high frequency signal
components, unwanted electrical interference noise,
or electronic noise from the signal. The amplifier
is sometimes also followed by a special nonlinear
analog function circuit which performs a nonlinear
operation on the high level signal. Such operations
include squaring, multiplication, division, RMS
conversion, log conversion, or linearization.
The processed analog signal next goes to an analog
multiplexer which sequentially switches between a
number of different analog input channels. Each
input is in turn connected to the output of the multi-
plexer for a specified period of time by the multi-
plexer switch. During this connection time a sample-
hold circuit acquires the signal voltage and then
holds its value while an alwlog-to-digital cont'erter
converts the value into digital form. The resultant
digital word goes to a computer data bus or to the
input of a digital circuit.
Thus the analog multiplexer, together with the
sample-hold, time shares the AID converter with a
number of analog input channels. The timing and
control of the complete data acquisition system is
done by a digital circuit called a programmer-
sequencer, which in turn is under control of the
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computer. In some cases the computer itself may
control the entire data acquisition system.
While this is perhaps the most commonly used data
acquisition system configuration, there are alter-
native ones. Instead of multiplexing high-level sig-
nals, low-level multiplexing is sometimes used with
the amplifier following the multiplexer. In such
cases just one amplifier is required, but its gain
may have to be changed from one channel to the
next during multiplexing. Another method is to
amplify and convert the signal into digital form
at the transducer location and send the digital
information in serial form to the computer. Here
the digital data must be converted to parallel form
and then multiplexed onto the computer data bus.

Introduction
Analog-t{}-digital conversion in its basic conceptual
form is a two-step process: quantizing and corling.
Quantizing is the process of transforming a con-
tinuous analog signal into a set of discrete output
states. Coding is the process of assigning a digital
code word to each of the output states. Some of the
early ND converters were appropriately called
quantizing encoders.

Quantizer Transfer Function

The nonlinear transfer function shown in Figure 3
is that of an ideal quantizer with 8 output states;
with output code words assigned, it is also that of
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Basic Data Acquisition System

The data distribution portion of a feedback control
system, illustrated in Figure 2, is the reverse of the
data acquisition system. The computer, based on the
inputs of the data acquisition system, must close
the loop on a process and control it by means of
output control functions. These control outputs are
in digital form and must therefore be converted into
analog form in order to drive the process. The
conversion is accomplished by a series of digital-
to-analog converters as shown. Each DIA converter
is coupled to the computer data bus b.y means of a
register which stores the digital word until the next
update. The registers are activated sequentially by
a decoder and control circuit which is under com-
puter control.
The DI A converter outputs then drive actuators
which directly control the various process para-
meters such as temperature, pressure, and flow.
Thus the loop is closed on the process and the result
is a complete automatic process control system
under computer control.

+125 +250 +375 +5.00 +625 +750 +875 +10.00

INPUT VOLTAGE ~

OUANTIZER +Qo2~ 0
ERROR

-02 T

a 3-bit AID converter. The 8 output states are
assigned the sequence of binary numbers from 000
through Ill. The analog input range for this quan-
tizer is 0 to + JOV.
There are several important points concerning the
transfer function of Figure 3. First, the resolution
of the quantizer is defined as the number of output
states expressed in bits; in this case it is a 3-bit
quantizer. The number of output states for a binary
coded quantizer is 2", where n is the number of
bits. Thus, an 8-bit quantizer has 256 output states
and a 12-bit quantizer has 4096 output states.
As shown in the diagram, there are 2"-1 analog
decision points (or threshold levels) in the transfer
function. These points are at voltages of +0.625,



+ 1.875. + 3.125. + 4.375. + 5.625. + 6.875, and
+ 8.125. The decision points must be precisely set
in a quantizer in order to divide the analog voltage
range into the correct quantized values.
The voltages +1.25. +2.50. +3.75. +5.00. +6.25.
+7.50. and +8.75 are the center points of each
output code word. The analog decision point voltages
are precisely halfway between the code word center
points. The quantizer staircase function is the best
approximation which can be made to a straight line
drawn through the origin and full scale point; notice
that the line passes through all of the code word
center points.

Quantizer Resolution and Error
At any part of the input range of the quantizer. there
is a small range of analog values within which the
same output code word is producer!. This small range
is the voltage difference between any two adjacent
decision points and is known as the analog quan·
tization size. or quantum. Q. In Figure 3. the quan-
tum is 1.25V and is found in general by dividing the
full scale analog range by the number of output
states. Thus

Q = FSR
2n

where FSR is the full scale range, or lOV in this
case. Q is the smallest analog difference which can
be resolved. or distinguished. by the quantizer. In
the case of a 12-bit quantizer, the quantum is much
smaller and is found to be

Q = FSR = 10V = 2.44 mV
2n 4096

If the quantizer input is moved through its entire
range of analog values and the difference between
output and input is taken. a sawtooth error function
results. as shown in Figure 3. Thi£ function is called
the quantizing error and is the irreducible error
which results from the quantizing process. It can
be reduced only by increasing the number of output
states (or the resolution) of the quantizer. thereby
making the quantization finer.
For a given analog input value to the quantizer.
the output error will vary anywhere from 0 to
± Q/2; the error is zero only at analog values
corresponding to the code center points. This error
is also frequently called quantization uncertainty
or quantization noise.
The quantizer output can be thought of as the ana·
log input with quantization noise added to it. The

noise has a peak-to-peak value of Q but. as with
other types of noise. the average value is zero. Its
RMS value. however. is useful in analysis and can
be computed from the triangular waveshape to be
Q/2J3.

Introduction
An analog-to-digital converter requires a small, but
significant, amount of time to perform the quantizing
and coding operations. The time required to make
the conversion depends on several factors: the con-
verter resolution. the conversion technique. and the
speed of the components employed in the converter.
The conversion speed required for a particular
application depends on the time variation of the
signal to be converted and on the accuracy desired.

Aperture Time
Conversion time is frequently referred to as aper-
ture time. In general. aperture time refers to the
time uncertainty (or time window) in making a
measurement and results in an amplitude uncer·
tainty (or error) in the measurement if the signal
is changing during this time.

As shown in Figure 4. the input signal to the A/D
converter changes by t.V during the aperture time
ta in which the conversion is performed. The error
can be considered an amplitude error or a time
error; the two are related as follows

t.V = t Q.YJ.tl
a dt

where dV(t)/dt is the rate of change with time of
the input signal.
It should be noted that t.V represents the maximum
error due to signal change. since the actual error
depends on how the conversion is done. At some
point in time within la. the signal amplitude corre·
sponds exactly with the output code word produced.
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For the specific case of a sinusoidal input signal, the
maximum rate of change occurs at the zero crossing
of the waveform, and the amplitude error is

t.V = t.:ft (A sin wt)l=o = t.Aw

The resultant error as a fraction of the peak to peak
full scale value is

, = t.V = rrft.
2A

From this result the aperture time required to
digitize a 1 kilohertz signal to 10 bits resolution
can be found. The resolution required is one part
in 2'0 or 0.001.

t. = ~ = 0.001 = 320 x 10-9
rrf 3.14 X 103

The result is a required aperture time of just 320
nanoseconds!
One should appreciate the fact that 1 KHz is not a
particularly fast signal, yet it is difficult to find a
10 bit AID converter to perform this conversion at
any price! Fortunately, there is a relatively simple
and inexpensive way around this dilemma by using
a sample-hold circuit.

Sample-Holds and Aperture Error
A sample-hold circuit samples the signal voltage and

then stores it on a capacitor for the time required
to perform the AID conversion. The aperture time
of the AID converter is therefore greatly reduced
by the much shorter aperture time of the sample-
hold circuit. In turn, the aperture time of the
sample-hold is a function of its bandwidth and
switching time.
Figure 5 is a useful graph of Equation 5. It gives
the aperture time required for converting sinusoidal
signals to a maximum error less than one part in
2" where n is the resolution of the converter in bits.
The peak to peak value of the sinusoid is assumed
to be the full scale range of the AID converter.
The graph is most useful in selecting a sample-
hold by aperture time or an AID converter by
conversion time.

Sampled-Data Systems and the Sampling Theorem
In data acquisition and distribution systems, and
other sampled-data systems, analog signals are
sampled on a periodic basis as illustrated in Figure
6. The train of sampling pulses in 6(b) represents a
fast-acting switch which connects to the analog
signal for a very short time and then disconnects for
the remainder of the sampling period.

The result of the fast-acting sampler is identical
with multiplying the analog signal by a train of
sampling pulses of unity amplitude, giving the
modulated pulse train of Figure 6(c). The amplitude
of the original signal is perserved in the modulation
envelope of the pulses. If the switch type sampler
is replaced by a switch and capacitor (a sample-
hold circuit), then the amplitude of each sample is
stored bet}Veen samples and a reasonable recon-
struction of the original analog signal results, as
shown in 6(d).
The purpose of sampling is the efficient use of data
processing equipment and data transmission facil-
ities. A single data transmission link, for example,
can be used to transmit many different analog
channels on a sampled basis, whereas it would be
uneconomical to devote a complete transmission link
to the continuous transmission of a single signal.
Likewise, a data acquisition and distribution system
is used to measure and control the many parameters
of a process control system by sampling the param-
eters and updating the control inputs periodically.
In data conversion systems it is common to use a
single, expensive AID converter of high speed and
precision and then multiplex a number of analog
inputs into it.
An important fundamental question to answer about
sample-data systems is this: "How often must I
sample an analog signal in order not to lose infor-
mation from it?" It is obvious that all useful infor-
mation can be extracted if a slowly varying signal
is sampled at a rate such that little or no change
takes place between samples. Equally obvious is the



fact that information is being lost if there is a signif-
icant change in signal amplitude between samples.

(b)
SAMPLING
PULSES

(e)
SAMPLED
SIGNAL

(d)
SAMPLED AND
HELD SIGNAL

The answer to the question is contained in the well-
known Sampling Theorem which may be stated as
follows: If a continuous, bandwidth-limited signal
contains no frequency components higher than fe,
then the original signal can be recovered without
distortion if it is sampled at a rate of at least 2fe
samples per second.

Frequency Folding and Aliasing
The Sampling Theorem can be demonstrated by the
frequency spectra illustrated in Figure 7. Figure
7(a) shows the frequency spectrum of a continuous
bandwidth-limited analog signal with frequency
components out to fc. When this signal is sampled
at a rate fs, the modulation process shifts the original
spectrum out to fs, 2fs, 3fs, etc. in addition to the
one at the origin. A portion of this resultant spec·
trum is shown in Figure 7(b).

v~
(al CONT1NlJOUS
SIGNAL SPECTRUM·

o f~e---------f-

V ~REQUENCY FOLOONG

(b) SAMPLED

SIGNAL SPECTRUM,

o fs-fe \'C h fsHc

fs/2

Figure 7. Frequency Spectra Demonstrating the Sampling
Theorem

If the sampling frequency fs is not high enough,
part of the spectrum centered about fs will fold
over into the original signal spectrum. This unde-
sirable effect is called frequencyJolding. In the
process of recovering the original signal, the folded
part of the spectrum causes distortion in the re-
covered signal which cannot be eliminated by fil-
tering the recovered signal.
From the figure, if the sampling rate is increased
such that f5- fc>fc, then the two spectra are sepa-
rated and the original signal can be recovered with-
out distortion. This demonstrates the result of the
Sampling Theorem that fs>2fc. Frequency folding
can be eliminated in two ways: first by using a high
enough sampling rate, and second by filtering the
signal before sampling to limit its bandwidth to
fs/2.
One must appreciate the fact that in practice there
is always some frequency folding present due to
high frequency signal components, noise, and non-
ideal pre-sample filtering. The effect must be re-
duced to npgligible amounts for the particular ap-
plication by using a sufficiently high sampling rate.
The required rate, in fact, may be much higher than
the minimum indicated by the Sampling Theorem.

The effect of an inadequate sampling rate on a
sinusoid is illustrated in Figure 8; an aliasfrequency
in the recovered signal results. In this case, sampling
at a rate slightly less than twice per cycle gives
the low frequency sinusoid shown by the dotted line
in the recovered signal. This alias frequency can be
significantly different from the original frequency.
From the figure it is easy to see that if the sinus-
oid is sampled at least twice per cycle, as reqUired
by the Sampling Theorem, the original frequency
is preserved.

Natural Binary Code
AID and DI A converters interface with digital
systems by means of an appropriate digital code.
While there are many possible codes to select, a
few standard ones are almost exclusively used with
data converters. The most popular code is natural
binary, or straight binary, which is used in its frac-
tional form to represent a number

N = aj2 -) + a22 -2 + aJ2 -3 + .... + an2 -n
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where each coefficient "a" assumes a value of zero
or one. N has a value between zero and one.
A binary fraction is normally written as 0.110101,
but with data converter codes the decimal point is
omitted and the code word is written 110101. This
code word represents a fraction of the full scale
value of the converter and has no other numerical
significance.
The binary code word 110101 therefore represents
the decimal fraction (1 x 0.5) + (1 x 0.25) + (1x 0.125)
+ (1 x 0.0625) + (0 x 0.03125) + (1 x 0.015625)
= 0.828125 or 82.8125% of full scale for the converter.
If full scale is + lOV, then the code word represents
+ 8.28125V The natural binary code belongs to a
class of codes known as positive weighted codes
since each coefficient has a specific weight, none
of which is negative.
The leftmost bit has the most weight, 0.5 of full
scale, and is called the most significant bit, or MSB;
the rightmost bit has the least weight, 2-" of full
scale, and is therefore called the least significant
bit, or LSB. The bits in a code word are numbered
from left to right from 1 to n.
The LSB has the same analog equivalent value as
Q discussed previously, namely

LSB (Analog Value) = F~~

Table 1 is a useful summary of the resolution, num-
ber of states, LSB weights, and dynamic range for
data converters from one to twenty bits resolution.

RESOLUTION NUMBER LSB WEIGHT DYNAMIC
BITS OF STATES 2-" RANGE

2" dB

0 1 1 0
1 2 05 6
2 4 025 12
3 8 0125 181
4 16 00825 24 1
5 :12 003125 301
6 64 0015625 361
7 128 00078125 421
8 256 000390625 482
9 512 0001953125 542

10 1024 00009765625 602
11 2048 000048828125 662
12 4096 0000244140625 722
13 8192 00001220703125 783
14 16384 000006103515625 843
15 32 768 0000030517578125 903
16 65536 00000152587890625 963
17 131072 000000762939453125 1023
18 262 144 0000003814697265625 1084
19 524 288 00000019073486328125 1144
20 1048576 000000095367431640625 1204

The dynamic rang-e of a data converter in dB is
found as follows:

DR (dB) = 20 log 2" = 20n log2
= 20n (0.301) = 6.02n

where DR is dynamic range, n is the number of bits,

and 2" the number of states of the converter.
Since 6.02 dB corresponds to a factor of two, it is
simply necessary to multiply the resolution of a
converter in bits by 6.02. A 12·bit converter, for
example, has a dynamic range of 72.2 dB.
An important point to notice is that the maximum
value of the digital code, namely all l's, does not
correspond with analog full scale, but rather with
one LSB less than full scale, or FS (1-2-"). There-
fore a 12 bit converter with a 0 to + lOV analog
range has a maximum code of 11111111 1111 and
a maximum analog value of +20V (1-2 -12) =
+9.99756V. In other words, the maximum analog
value of the converter, corresponding to all one's
in the code, never quite reaches the point defined
as analog full scale.

Other Binary Codes

Several other binary codes are used with AID and
DIA converters in addition to straight binary. These
codes are offset binary, two's complement, binary
coded decimal (BCD), and their complemented
versions. Each code has a specific advantage in
certain applications. BCD coding for example is used
where digital displays must be interfaced such as
in digital panel meters and digital multi meters.
Two's complement coding is used for computer
arithmetic logic operations, and offset binary coding
is used with bipolar analog measurements.
Not only are the digital codes standardized with data
converters, but so are the analog voltage ranges.
Most converters use unipolar voltage ranges of 0
to + 5V and 0 to + 10V although some devices use
the negative ranges 0 to - 5V and 0 to -10V The
standard bipolar voltage ranges are ±2.5V, ±5V
and ± 10V. Many converters today are pin-program-
mable between these various ranges.

FRACTION
OF FS

+FS·l LSB
+¥. FS
+1;2 FS
+y. FS
+:0 FS
+1 lSB
o

+10V FS

+9.961
+7.500
+5.000
+2500
+1.250
+0.039

0.000

STRAIGHT COMPLEMENTARY
BINARY BINARY

1111"11 00000000
11000000 00111111
ooסס1000 01111111
01000000 10111111
0010 ooסס 1101 1111
oo0001סס 11111110
OOסס0000 "'11"1

Table 2 shows straight binary and complementary
binary codes for a unipolar 8 bit converter with a
o to + 10V analog FS range. The maximum analog
value of the converter is +9.961 V, or one LSB less
than + 10V. Note that the LSB size is 0.039V as
shown near the bottom of the table. The comple-
mentary binary coding used in some converters is
simply the logic complement of straight binary.
When AID and DIA converters are used in bipolar
operation, the analog range is offset by half scale,



or by the MSB value. The result is an analog shift
of the converter transfer function as shown in
Figure 9. Notice for this 3-bit AID converter trans-
fer function that the code 000 corresponds with
-5V, 100 with OV,and 111 with +3.75V. Since the
output coding is the same as before the analog
shift, it is now appropriately called offset binary
coding.

/
/

/
w 111
Cl
Cl
u
~ 110
::>
0-
f-

6 101

,--000
- 5.00 -3.75 -2.50 -1.25 0 + 1.25 + 2.50 + 3.75 + 5.00

INPUT VOLTAGE

Table 3 shows the offset binary code together with
complementary offset binary, two's complement,
and sign-magnitude binary codes. These are the
most popular codes employed in bipolar data
converters.

FRACTION OFFSET COMPo OFF TWO'S StGN-MAG
OF FS :!:5V FS BINARY BINARY COMPLEMENT BINARY

+ FS - 1 LSB +49976 11111111 00000000 0111 1111 11111111
+Y. FS .• 3 7500 11100000 0001 1111 01100000 11100000
+"i FS +25000 11000000 0011 1111 01000000 1100 0000
+'/1 FS + 1.2500 1010 0000 0101 1111 00100000 1010 0000

0 0,0000 10000000 0111 1111 0000 0000 10000000·
-'. FS 1.2500 01100000 1001 1111 11100000 00100000

Li FS 2.5000 0100 0000 1011 1111 1100 0000 01000000
+. FS 3.7500 00100000 1101 1111 10100000 01100000

- FS + 1 LSB 49976 0000 0001 1111 1110 10000001 0111 1111

FS 5.0000 0000 DaDo 11111111 10000000

The two's complement code has the characteristic
that the sum of the positive and negative codes
for the same analog magnitude always produces
all zero's and a carry. This characteristic makes
the two's complement code useful in arithmetic
computations. Notice that the only difference
between two's complement and offset binary is the

complementing of the MSB. In bipolar coding, the
MSB becomes the sign bit.
The sign-magnitude binary code, infrequently used,
has identical code words for equal magnitude analog
values except that the sign bit is different. As
shown in Table 3 this code has two possible code
words for zero: 1000 0000 or 0000 0000. The two
are usually distinguished as 0+ and 0-, respec-
tively. Because of this characteristic, the code has
maximum analog values of ± (FS-1 LSB) and
reaches neither analog + FS or - FS.

BCD Codes
Table 4 shows BCD and complementary BCD coding
for a 3 decimal digit data converter. These are the
codes used with integrating type AID converters
employed in digital panel meters, digital multi·
meters, and other decimal display applications. Here
four bits are used to represent each decimal digit.
BCD is a positive weighted code but is relatively
inefficient since in each group of four bits, only 10
out of a possible 16 states are utilized.

FRACTION
OF FS

+FS - 1 LSB
+Y. FS
+:4 FS
+)4 FS
+;i FS
+1 LSB

o

BINARY CODED
DECIMAL

1001 1001 1001
0111 0101 0000
010100000000
00100101 0000
000100100101
0000 0000 0001
0000 0000 0000

COMPLEMENTARY
BCD

011001100110
100010101111
101011111111
110110101111
111011011010
111111111110
111111111111

+10V FS

+9,99
+7.50
+5.00
+2.50
+1.25
+001

0.00

The LSB analog value (or quantum, Q) for BCD is

LSB(AnalogValue)=Q= ~~~

where FSR is the full scale range and d is the
number of decimal digits. For example if there are
3 digits and the full scale range is 10V, the LSB
value is

LSB (Analog Value) = 10V = .01V = 10mV
103

BCD coding is frequently used with an additional
overrange bit which has a weight egual to full scale
and produces a 100% increase in range for the AID
converter. Thus for a converter with a decimal
full scale of 999, an overrange bit provides a new
full scale of 1999, twice that of the previous one.
In this case, the maximum output code is 1 1001
1001 1001. The additional range is commonly re-
ferred to as 1/2 digit, and the resolution of the AID
converter in this case is 3V2digits.
Likewise, if this range is again expanded by 100%,
a new full scale of 3999 results and is called 33,1.,
digits resolution. Here two overrange bits have been
added and the full scale output code is 11 1001
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1001 1001. When BCD coding is used for bipolar
measurements another bit, a sign bit, is added to the
code and the result is sign-magnitude BCD coding.

Operational and Instrumention Amplifiers

The front end of a data acquisition system extracts
the desired analog signal from a physical parameter
by means of a transducer and then amplifies and
filters it. An amplifier and filter are critical compo-
nents in this initial signal processing.
The amplifier must perform one or more of the
following functions: boost the signal amplitude,
buffer the signal, convert a signal current into a
voltage, or extract a differential signal from com-
mon mode noise.
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To accomplish these functions requires a variety of
different amplifier types. The most popular type of
amplifier is an operational amplifier which is a
general purpose gain block with differential inputs.
The op amp may be connected in many different
closed loop configurations, of which a few are shown
in Figure 10. The gain and bandwidth of the circuits
shown depend on the external resistors connected
around the amplifier. An operational amplifier is a
good choice in general where a single-ended signal
is to be amplified, buffered, or converted from
current to voltage.
In the case of differential signal processing, the
instrumentation amplifier is a better choice since it
maintains high impedance at both of its differentia]
inputs and the gain is set by a resistor located else-
where in the amplifier circuit. One type of instru-

mentation amplifier circuit is shown in Figure 11.
Notice that no gain-setting resistors are connected to
either of the input terminals. Instrumentation amp li-

fiers have the following important characteristics.
1. High impedance differential inputs.
2. Low input offset voltage drift.
3. Low input bias currents.
4. Gain easily set by means of one or two

external resistors.
5. High common-mode rejection ratio.

Common Mode Rejection
Common-mode rejection ratio is an important para-
meter of differential amplifiers. An ideal differential
input amplifier responds only to the voltage differ-
ence between its input terminals and does not
respond at all to any voltage that is common to both
input terminals (common-mode voltage). In nonideal
amplifiers, however, the common-mode input signal
causes some output response even though small
compared to the response to a differential
input signal.
The ratio of differential and common-mode re-
sponses is defined as the common·mode rejection
ratio. Common-mode rejection ratio of an amplifier
is the ratio 9f differential voltage gain to common-
mode voltage gain and is generally expressed in dB.

CMRR = 20 10glO~
Ac:vI

where AD is differential voltage gain and ACM is
common-mode voltage gain. CMRR is a function of
frequency and therefore also a function of the
impedance balance between the two amplifier input
terminals. At even moderate frequencies CMRR can
be significantly degraded by small unbalances in
the source series resistance and shunt capacitance.



Other Amplifier Types
There are several other special amplifiers which
are useful in conditioning the input signal in a data
acquisition system. An isolation amplifier is used to
amplify a differential signal which is superimposed
on a very high common-mode voltage, perhaps
several hundred or even several thousand volts.
The isolation amplifier has the characteristics of an
instrumentation amplifier with a very high common-
mode input voltage capability.
Another special amplifier, the chopper stabilized
amplifier, is used to accurately amplify microvolt
level signals to the required amplitude. This ampli-
fier employs a special switching stabilizer which
gives extremely low input offset voltage drift.
Another useful device, the elect1'Ometer amplifier,
has ultra-low input bias currents, generally less than
one picoampere and is used to convert extremely
small signal currents into a high level voltage.

Filters
A low pass filter frequently follows the signal pro-
cessing amplifier to reduce signal noise. Low pass
filters are used for the following reasons: to reduce
man-made electrical interference noise, to reduce
electronic noise, and to limit the bandwidth of the
analog signal to less than half the sampling fre-
quency in order to eliminate frequency folding.
When used for the last reason, the filter is called a
pre-sampling filter or anti-aliasing filter.
Man-made electrical noise is generally periodic, as
for example in power line interference, and is some-
times reduced by means of a special filter such as
a notch filter. Electronic noise, on the other hand,
is random noise with noise power proportional to
bandwidth and is present in transducer resistances,
circuit resistances, and in amplifiers themselves.
It is reduced by limiting the bandwidth of the system
to the minimum required to pass desired signal
components.
No filter does a perfect job of eliminating noise or
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Figure 12. Some Practical low Pass Filter Characteristics

other undesirable frequency components, and
therefore the choice of a filter is always a compro-
mise. Ideal filters, frequently used as analysis ex-
amples, have flat passband response with infinite
attenuation at the cutoff frequency, but are mathe-
matical filters only and not physically realizable.
In practice, the systems engineer has a choice of
cutoff frequency and attenuation rate. The attenua-
tion rate and resultant phase response depend on
the particular filter characteristic and the number
of poles in the filter function. Some of the more
popular filter characteristics include Butterworth,
Chebychev, Bessel, and elliptic. In making this
choice, the effect of overshoot and nonuniform phase
delay must be carefully considered. Figure 12
illusrtates some practical low pass filter response
characteristics.
Passive RLC filters are seldom used in signal pro-
cessing applications today due chiefly to the undesir-
able characteristics of inductors. Active filters are
generally used now since they permit the filter
characteristics to be accurately set by precision,
stable rl'sistors and capacitors. Inductors, with their
undesirable saturation and temperature drift char-
acteristics, are thereby eliminated. Also, because
active filters use operational amplifiers, the prob-
lems of insertion loss and output loading are also
eliminatE'd.

Definition
A parameter that is specified frequently in data
acquisition and distribution systems is settling time.
The term settling time originates in control theory
but is now commonly applied to amplifiers, multi·
plexers, and D/ A converters.

OVERSHOOT fINAL VALUE
ERROR BAND_________L__

------1---

Settling time is defined as the time elapsed from
the application of afllil scale step inpllt to a circuit
to the time when the OlltPllt has entered and re-
,,,ained within a specIfied error band arollnd its
filial value. The method of application of the input
step may vary depending on the type of circuit, but
the definition still holds. In the case of a D/ A con-
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verter, for example, the step is applied by changing
the digital input code whereas in the case of an
amplifier the input signal itself is a step change.
The importance of settling time in a data acquisition
system is that certain analog operations must be
performed in sequence, and one operation may have
to be accurately settled before the next operation
can be initiated. Thus a buffer amplifier preceding
an AID converter must have accurately settled
before the conversion can be initiated.
Settling time for an amplifier is illustrated in Figure
13. After application of a full scale step input there
is a small delay time following which the amplifier
output slews. or changes at its maximum rate. Slew
rate is determined by internal amplifier currents
which must charge internal capacitances.
As the amplifier output approaches final value. it
may first overshoot and then reverse and under-
shoot this value before finally entering and re-
maining within the specified error band. Note that
settling time is measured to the point at which
the amplifier output enters and remains within the
error band. This error band in most devices is
specified to either ± 0.1 % or ± 0.01 % of the full
scale transition.

Amplifier Characteristics
Settling time, unfortunately. is not readily predict-
able from other amplifier parameters such as band-
width, slew rate. or overload recovery time, al-
though it depends on all of these. It is also dependent
on the shape of the amplifier open loop gain charac-
teristic, its input and output capacitance. and the
dielectric absorption of any internal capacitances.
An amplifier must be specifically designed for
optimized settling time. and settling time is a para-
meter that must be determined by testing.

AMPLIFIER OPEN LOOP
RESPONSE 16DB/OCTAVE ROLLOFFI

AMPLIFIER CLOSED LOOP
-RESPONSE

One of the important requirements of a fast settling
amplifier is that it have a single-pole open loop gain
characteristic. i.e .. one that has a smooth 6 dB per
octave gain roll-off characteristic to beyond the unity
gain crossover frequency. Such a desirable charac-
teristic is shown in Figure 14.

It is important to note that an amplifier with a
single·pole response can never settle faster than the
time indicated by the number of closed loop time
constants to the given accuracy. Figure 15 shows
output error as a function of the number of time
constants T where

T=~=_I_
2rrf

and f is the closed loop 3 dB bandwidth of the
amplifier.

25" 034

j ,..' J

Actual settling time for a good quality amplifier ma'y
be significantly longer than that indicated by the
number of closed loop time constants due to slew
rate limitation and overload recovery time. For
example. an amplifier with a closed loop bandwidth
of 1 MHz has a time constant of 160 nsec. which
indicates a settling time of 1.44 /lsec. (9 time con-
stants) to 0.01 % of final value. If the slew rate of
this amplifier is 1Vl/lsec., it will take more than 10
/lsec. to settle to 0.01 % for a lOV change.

If the amplifier has a nonuniform gain roll·off char-
acteristic. then its settling time may have one of
two undesirahle qualities. First. the output may
reach the vicinity of the error band quickly but then



take a long time to actually enter it; second. it may
overshoot the error band and then oscillate back
and forth through it before finally entering and
remaining inside it.
Modern fast settling operational amplifiers come in
many different types including modular. hybrid. and
monolithic amplifiers. Such amplifiers have settling
times to 0.1 % or 0.01 % of 2 J.Lsec. down to 100 nsec.
ana are useful in many data acquisition and con-
version applications. An example of an ultra-fast
settling operational amplifier of the hybrid type
is shown in Figure 16.

Introduction
Digital-to-analog converters are the devices by
which computers communicate with the outside
world. They are employed in a variety of applica-
tions from CRT display systems and voice synthe-
sizers to automatic test systems. digitally controlled
attenuators. and process control actuators. In
addition. they are key components inside most A/D
converters. D/A converters are also referred to as
DAC's and are termed decoders by communications
engineers.

The transfer function of an ideal 3-bit D/ A con-
verter is shown in Figure 17. Each input code word
produces a single. discrete analog output value.
generally a voltage. Over the output range of the
converter 2" different values are produced including
zero; and the output has a one-to-one correspondence
with input. which is not true for A/D converters.
There are many different circuit techniques used
to implement D/A converters. but a few popular
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Figure 17. Transfer Function of Ideal 3·Bit D/A Converter

ones are widely used today. Virtually all D/A con-
verters in use are of the parallel type where all
bits change simultaneously upon application of an
input code word; selial type D/A converters, on the
other hand. produce an analog output only after
receiving all digital input data in sequential form.

Weighted Current Source D/ A Converter
The most popular D/A converter design in use
today is the weighted current source circuit illu-
strated in Figure 18. An array of switched transistor
current sources is used with binary weighted cur-
rents. The binary weighting is achieved by using
emitter resistors with binary related values of R,
2R, 4R. 8R 2"R. The resulting collector cur-
rents are then added together at the current
summing line.

The current sources are switched on or off from
standard TTL inputs by means of the control diodes
connected to each emitter. When the TTL input is
high the current source is on; when the input is
low it is off. with the current flowing through the
control diode. Fast switching speed is achieved
because there is direct control of the transistor
current. and the current sources never go into
saturation.
To interface with standard TTL levels, the current
sources are biased to a base voltage of +1.2V. The
emitter currents are regulated to constant values
by means of the control amplifier and a precision
voltage reference circuit together with a bipolar
transistor.
The summed output currents from all current
sources that are on go to an operational amplifier
summing junction; the amplifier converts this out-
put current into an output voltage. In some D/ A
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converters the output current is used to directly
drive a resistor load for maximum speed, but the
positive output voltage in this case is limited
to about +1 volt.
The weighted current source design has the advan-
tages of simplicity and high speed. Both PNP ~nd
NPN transistor current sources can be used wIth
this technique ~lthough the TTL interfacing is more
difficult with NPN sources. This technique is used
in most monolithic, hybrid, and modular DI A con-
verters in use today.
A difficulty in implementing higher resolution DI A
converter designs is that a wide range of emitter
resistors is required, and very high value resistors
cause problems with both temperature stability
and switching speed. To overcome these problems,
weighted current sources are used in identical
groups, with the output of each group divided down
by a resistor divider as shown in Figure 19.

Figure 19. Current Dividing the Outputs of Weighted Current
Source Groups

The resistor network, R1 through R•• divides the
output of Group 3 down by a factor of 256 and the
output of Group 2 down by a factor of 16 with
respect to the output of Group 1. Each group is
identical, with four current sources of the type
shown in Figure 18, having binary current weights
of I, 2, 4, 8. Figure 19 also illustrates the method
of achieving a bipolar output by deriving an offset
current from the reference circuit which is then
subtracted from the output current line through
resistor Ro. This current is set to exactly one half
the full scale output current.

R-2R D/A Converter
A second popular technique for DI A conversion is
the R-2R ladder method. As shown in Figure 20, the
network consists of series resistors of value Rand
shunt resistors of value 2R. The bottom of each
shunt resistor has a single-pole double-throw
electronic switch which connects the resistor to
either ground or the output current summing line.

The operation of the R-2R ladder network is based
on the binary division of current as it flows down
the ladder. Examination of the ladder configuration
reveals that at point A looking to the right, one
measures a resistance of 2R; therefore the reference
input to the ladder has a resistance of R. At the
reference input the current splits into two equal
parts since it sees equal resistances in either direc-
tion. Likewise, the current flowing down the ladder
to the right continues to divide into two equal parts
at each resistor junction.
The result is binary weighted currents flowing
down each shunt resistor in the ladder. The digitally
controlled switches direct the currents to either
the summing line or gTound. Assuming all bits are
on as shown in the diagram, the output current is

As in the previous circuit, the output current sum-
ming line goes to an operational amplifier which
converts current to voltage.

I = VREF [1'2 + 14 + 18 + ..... + 210JOUT R

where the 2-0 term physically represents the portion
of the input current flowing through the 2R ter-
minating resistor to ground at the far right.
The advantage of the R-2R ladder technique is that
only two values of resistors are required, with the
resultant ease of matching or trimming and excel-
lent temperature tracking. In addition, for high
speed applications relatively low resistor values
can be used. Excellent results can be obtained for
high resolution DI A converters by using laser-
trimmed thin film resistor networks.



Multiplying and Deglitched D/A Converters

The R-2R ladder method is specifically used for
multiplying type D/A converters. With these
converters, the reference voltage can be varied over
the full range of ±Vmax with the output the product
of the reference voltage and the digital input word.
Multiplication can be performed in 1, 2, or 4 alge-
braic quadrants.

If the reference voltage is unipolar, the circuit is
a one-quadrant multiplying DAC; if it is bipolar, the
circuit is a two-quadrant multiplying DAC. For four-
quadrant operation the two current summing lines
shown in Figure 20 must be subtracted from each
other by operational amplifiers.
In multiplying D/ A converters, the electronic
switches are usually implemented with CMOS de-
vices. Multiplying DAC's are commonly used in
automatic gain controls, CRT character generation,
complex function generators, digital attenuators,
and divider circuits. Figure 21 shows two 14-bit
multiplying CMOS D/ A converters.

Figure 22. D/A Converter Employing R-2R Ladder with Equal

Value Switched Current Sources

Another important D/A converter design takes
advantage of the best features of both the weighted
current source technique and the R-2R ladder tech-

nique. This circuit, shown in Figure 22, uses equal
value switched current sources to drive the junc-
tions of the R-2R ladder network. The advantage of
the equal value current sources is obvious since all
emitter resistors are identical and switching speeds
are also identical. This technique is used in many
ultra-high speed D/A converters.

One other specialized type D/ A converter used
primarily in CRT display systems is the deglitched
D/A converter. All D/A converters produce output
spikes, or glitches, which are most serious at the
major output transitions of li4 FS, ;.<, FS, and 3/4 FS
as illustrated in Figure 23(a).
Glitches are caused by small time differences be-
tween some current sources turning off and others
turning on. Take, for example, the major code
transition at half scale from 0111 .... 1111 to 1000
.... 0000. Here the MSB current source turns on
while all other current sources turn off. The small
difference in switching times results in a narrow
half scale glitch. Such a glitch produces distorted
characters on CRT displays.

Glitches can be virtually eliminated by the circuit
shown in Figure 23(b). The digital input to a D/A
converter is controlled by an input register while
the converter output goes to a specially designed
sample-hold circuit. When the digital input is up-
dated by the register, the sample-hold is switched
into the hold mode. After the D/A has changed to
its new output value and all glitches have settled
out, the sample-hold is then switched back into the
tracking mode. When this happens, the output
changes smoothly from its previous value to the new
value with no glitches present.
Figure 24 shows a modular deglitched D/ A con-
verter which contains the circuitry just described.

An important circuit required in both A/D and
D/ A converters is the voltage reference. The ac-
curacy and stability of a data converter ultimately
depends upon the reference; it must therefore pro-
duce a constant output voltage over both time
and temperature.
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The compensated zener reference diode with a
buffer-stabilizer circuit is commonly used in most
data converters today. Although the compensated
zener may be one of several types, the compensated
subsurface, or bU11ed, zener is probably the best
choice. These new devices produce an avalanche
breakdown which occurs beneath the surface of the
silicon, ~esulting in better long-term stability and
noise characteristics than with earlier surface
breakdown zeners.
These reference devices have reverse breakdown
voltages of about 6.4 volts and consist of a forward
biased diode in series with the reversed biased
zener. Because the diodes have approximately equal
and opposite voltage changes with temperature, the
result is a temperature stable voltage. Available
devices have temperature coefficients from 100
ppm/oC to less than 1 ppm/oC.
Some of the new IC voltage references incorporate
active circuitry to buffer the device and reduce
its dynamic impedance; in addition, some contain
temperature regulation circuitry on the chip to
achieve ultra-low tempcos.
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A popular buffered reference circuit is shown in
Figure 25; this circuit produces an output voltage

higher than the reference voltage. It also generates
a constant, regulated current through the refer-
ence which is detemined by the three resistors.
Some monolithic AID and DI A converters use
another type of reference device known as the
bandgap reference. This circuit is based on the
principle of using the known, predictable base-to-
emitter voltage of a transistor to generate a con-
stant voltage equal to the extrapolated bandgap
voltage of silicon. This reference gives excellent
results for the lower reference voltages of 1.2 or
2.5 volts.

Counter Type AID Converter
Analog-to-digital converters, also called ADC's or
encoders, employ a variety of different circuit
techniques to implement the conversion function.
As with D/A converters, however, relatively few of
these circuits are widely used today. Of the various
techniques available, the choice depends on the
resolution and speed required.
One of the simplest AID converters is the counter,
or servo, type. This circuit employs a digital
counter to control the input of a DI A converter.
Clock pulses are applied to the counter and the
output of the DI A is stepped up one LSB at a time.
A comparator compares the DI A output with the
analog input and stops the clock pulses when they
are equal. The counter output is then the converted
digital word.

While this converter is simple, it is also relatively
slow. An improvement on this technique is shown in
Figure 26 and is known as a tracking AID con-
verter, a device commonly used in control systems.
Here an up-down counter controls the DAC, and the
clock pulses are directed to the pertinent counter in-
put depending on whether the DI A output must in-
crease or decrease to reach the analog input voltage.
The obvious advantage of the tracking AID con-
verter is that it can continuously follow the input



signal and give updated digital output data if the
signal does not change too rapidly. Also, for small
input changes, the conversion can be quite fast. The
converter can be operated in either the track or
hold modes by a digital input control.

Sucessive-Approximation AID Converters
By far, the most popular AID conversion technique
in general use for moderate to high speed appli-
cations is the successive-appTOximation type AID.
This method falls into a class of techniques known
asjeedback type AID converters, to which the
counter type also belongs. In both cases a DI A
converter is in the feedback loop of a digital control
circuit which changes its ouput until it equals the
analog input. In the case of the successive-approxi-
mation converter, the DAC is controlled in an op-
timum manner to complete a conversion in just
n-steps, where n is the resolution of the converter
in bits.
The operation of this converter is analogous to
weighing an unknown on a laboratory balance scale
using standard weights in-a binary sequence such
as I, "2, "., I 8, ..... Vnkilograms. The correct pro-
cedure is to begin with the largest standard weight
and proceed in order d(}\vn to the smallest one.
The largest weight is placed on the balance pan
first;,if it does not tip, the weight is left on and the
next largest weight is added. If the balance does
tip, the weight is removed and the next one added.
The same procedure is used for the next largest
weight and so on down to the smallest. After the
nth standard weight has been tried and a decision
made, the weighing is finished. The total of the
standard weights remaining on the balance is the
closest possible approximation to the unknown.

In the successive-approximation AID converter
illustrated in Figure 27, a successive-approximation
register (SAR) controls the DI A converter by imple-
menting the weighing logic just described. The
SAR first turns on the MSB of the DAC and the
comparator tests this output against the analog
input. A decision is made by the comparator to
leave the bit on or turn it off after which bit 2 is
turned on and a second comparison made. After n-

comparisons the digital output of the SAR indicates
all those bits which remain on and produces the
desired digital code. The clock circuit controls the
timing of the SAR. Figure 28 shows the DI A con-
verter output during a typical conversion.

The conversion efficiency of this technique means
that high resolution conversions can be made in very
short times. For example, it is possible to perform

a 10 bit conversion in Illsec. or less and a 12 bit
conversion in 2llsec. or less. Of course the speed
of the internal circuitry, in particular the DI A and
comparator, are critical for high speed performance.

The Parallel (Flash) AID Converter
For ultra-fast conversions required in video signal
processing and radar applications where up to 8 bits
resolution is required, a different technique is
employed; it is known as the parallel (alsojlash, or
simultaneous) method and is illustrated in Figure 29.
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This circuit employs 2"-1 analog comparators to
directly implement the quantizer transfer function
of an AID converter.
The comparator trip-points are spaced 1 LSB apart
by the series resistor chain and voltage reference.
For a given analog input voltage all comparators
biased below the voltage turn on and all those biased
above it remain off. Since all comparators change
state simultaneously, the quantization process is
a one·step operation.
A second step is required, however, since the logic
output of the comparators is not in binary form.
Therefore an ultra-fast decoder circuit is employed
to make the logic conversion to binary. The parallel
technique reaches the ultimate in high speed be·
cause only two sequential operations are required
to make the conversion.
The limitation of the method, however, is in the
large number of comparators required for even mod·
erate resolutions. A 4·bit converter, for example,
requires only 15 comparators, but an 8-bitconverter
needs 255. For this reason it is common practice
to implement an 8-bit AID with two 4·bit stages
as shown in Figure 30.

The result of the first 4-bit conversion is converted
back to analog by means of an ultra· fast 4·bit DI A
and then subtracted from the analog input. The
resulting residue is then converted by the second
4·bit AID, and the two sets of data are accumulated
in the 8-bit output register.
Converters of this type achieve 8-bit conversions
at rates of 20 MHz and higher, while single stage
4·bit conversions can reach 50 to 100 MHz rates.

Integrating Type AID
Converters

Indirect AID Conversion
Another class of AID converters known as inte·
grating type operates by an indirect conversion
method. The unknown input voltage is converted
into a time period which is then measured by a

clock and counter. A number of variations exist
on the basic principle such as single-slope,
dual-slope, and triple-slope methods. In addition
there is another technique -completely different-
which is known as the charge-balancing or quantized
feedback method.
The most popular of these methods are dual-slope
and charge-balancing; although both are slow, they
have excellent linearity characteristics with the
capability of rejecting input noise. Because of these
characteristics, integrating type AID converters
are almost exclusively used in digital panel meters,
digital multi meters, and other slow measurement
applications.

DIGITAL OUTPUT

Figure 31. Dual Slope AID Converter

Dual-Slope AID Conversion

The dual-slope technique, shown in Figure 31, is
perhaps best known. Conversion begins when the
unknown input voltage is switched to the integrator
mput; at the same time the counter begins to count
clock pulses and counts up to overflow. At this
point the control circuit switches the integrator to
the negative reference voltage which is integrated
until the output is back to zero. Clock pulses are
counted during this time until the comparator
detects the zero crossing and turns them off.



The counter output is then the converted digital
word. Figure 32 shows the integrator output wave-
form where T1 is a fixed time and T2 is a time
proportional to the input voltage. The times are
related as follows:

T2=TI~
VREF

The digital output word therefore represents the
ratio of the input voltage to the reference.
Dual-slope conversion has several important fea-
tures. First, conversion accuracy is independent of
the stability of the clock and integrating capacitor
so long as they are constant during the conversion
period. Accuracy depends only on the reference
accuracy and the integrator circuit linearity. Second,
the noise- rejection of the conv~rter can be infinite
if T I is set to equal the period of the noise. To
reject llOHz power noise therefore requires that
T, he lll.l;i.J7 msec. Figure 33 shows digital panel
meters which employ dual slope AID converters.

Charge-Balancing AID Conversion

The charge-balancing, or quantized feedback,
method of conversion is based on the principle of
generating a pulse train with frequency propor-
tional to the input voltage and then counting the
pulses for a fixed period of time. This circuit is
shown in Figure 34. Except for the counter and
timer, the circuit i~ a l'o!tage-lo-!l'eqllellcy (VIF)
converter which generates an output pulse rate
proportional to input voltage.
The circuit operates as follows. A positive input
voltage causes a current to flow into the operational
integrator through R1. This current is integrated,
producing a negative going ramp at the output.
Each time the ramp crosses zero the comparator
output triggers a precision pulse generator which
puts out a constant width pulse.

DIGITAL
OUTPUT

Figure 34. Charge~Balancing AID Converter

The pulse output controls switch S, which connects
R2 to the negative reference for the duration of the
pulse. During this time a pulse of current flows out
of the integrator summing junction, producing a fast,
positive ramp at the integrator output. This process
is repeated, generating a train of current pulses
which exactly balances the input current-hence
the name charge balancing. This balance has the
following relationship:

1 V1N R2f = ---
T VREF R,

where T is the pulse width and f the frequency.
A higher input voltage therefore causes the inte-
grator to ramp up and down faster, producing
higher frequency output pulses. The timEr circuit
sets a fixed time period for counting. Like the dual-
slope converter, the circuit also integrates input
noise, and if the timer is synchronized with the
noise frequency, infinite rejection results. Figure
35 shows the noise rejection characteristic of all
integrating type AID converters with rejection
plotted against the ratio of integration period to
noise period.
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Figure 35. Noise Rejection for Integrating Type AID
Converters
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Analog Multiplexer Operation
Analog multiplexers are the circuits that time-share
an AID converter among a number of different
analog channels. Since the AID converter in many
caseS is the most expensive component in a data
acquisition system, multiplexing analog inputs to
the AID is an economical approach. Usually the
analog multiplexer operates into a sample-hold
circuit which holds the required analog voltage long
enough for AID conversion.

,
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As shown in Fig-ure :36, an analog multiplexer con-
sists of an array of parallel electronic switches
connected to a common output line. Only one switch
is turned on at a time. Popular switch configurations
include 4, 8. and 16 channels which are connected
in single (single-ended) or dual (differential)
config-uralions.
The multiplexer also contains a decoder-driver cir-
cuit which decodes a binary input word and turns
on the appropriate switch. This circuit interfaces

with standard TTL inputs and drives the multi-
plexer switches with the proper control voltages.
For the 8-channel analog multiplexer shown, a one-
of-eight decoder circuit is used.
Most analog multiplexers today employ the CMOS
switch circuit shown in Figure 37. A CMOS driver
controls the gates of parallel-connected P-channel
and N-channel MOSFET's. Both switches turn on
together with the parallel connection giving rela-
tively uniform on-resistance OVer the required ana-
log input voltage range. The resulting on-resistance
may vary from about 50 ohms to 2K ohms depending
on the multiplexer; this resistance increases with
temperature. A representative group of monolithic
CMOS analog multiplexers is shown in Figure 38.

Analog Multiplexer Characteristics

Because of the series resistance, it is common prac-
tice to operate an analog multiplexer into a very
high load resistance such as the input of a unity
gain buffer amplifier shown in the diagram. The
load impedance must be large compared with the
switch on-resistance and any series sourCe resis-
tance in order to maintain high transfer accuracy.
Tral/sfer errol' is the input to output error of the
multiplexer with the source and load connected;
error is expressed as a percent of input voltage.
Transfer errors of 0.1 % to 0.01 % or less are required
in most data acquisition systems. This is readily
achieved by using operational amplifier huffers
with typical input impedances from 108 to 10 12

ohms. Many sample-hold circuits also have very
high input impedances.
Another important characteristic of analog multi-
plexers is lil'cak-licji"'(,-II/akc switching. There is
a small time delay between disconnection from the
previous channel and connection to the next channel
which assures that two adjacent input channels are



never instantaneously connected together.
Settling time is another important specification for
analog multiplexers; it is the same definition
previously given for amplifiers except that it is
measured from the time the channel is switched on.
Throughput rate is the highest rate at which a
multiplexer can switch from channel to channel
with the output settling to its specified accuracy.
Crpsstalk is the ratio of output voltage to input
voltage with all channels connected in parallel and
off; it is generally expressed as an input to O}ltput
attenuation ratio in dB.
As shown in the representative equivalent circuit of
Figure 39. analog multiplexer switches have a

RS s,
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number of leakage currents and capacitances as-
sociated with their operation. These parameters
are specified on data sheets and must be considered
in the operation of the devices. Leakage currents.
generally in picoamperes at room temperature.
become trou!>lesome only at high temperatures.
Capacitances affect crosstalk and settling time
of the multiplexer.

Analog Multiplexer Applications
Analog multiplexers are employed in two basic types
of operation: high-level and low·level. In ili!lil·le/·cl
lIIultiple;'iug, the most popular type, the analog
signal is amplified to the 1 to lOV range ahead of
the multiplexer, This has the advantage of reducing

the effects of noise on the signal during the re-
maining analog processing, In lou'-Ie/'el multiplexing
the signal is amplified after multiplexing; therefore
great care must be exercised in handling the low-
level signal up to the multiplexer. Low-level multi-
plexers generally use two·wire differential switches
in order to minimize noise pick-up. Reed relays.
because of essentially zero series resistance and
absence of switching spikes. are frequently em-
ployed in low-level multiplexing systems. They are
also useful for high common-mode voltages.
A useful specialized analog multiplexer is the flying-
capacitor type, This circuit. shown as a single chan-
nel in Fi!-,'Ure40 has differential inputs and is parti-
cularly useful with high common-mode voltages.
The capacitor connects first to the differential
analog input. charging up to the input voltage, and
is then switched to the differential output which
goes to a high input impedance instrumentation
amplifier. The differential signal is therefore trans-
ferred to the amplifier input without the common
mode voltage and is then further processed up to
AID conversion.
In order to realize large numbers of multiplexed
channels. you can connect analog multiplexers in
parallel using the enable input to control each device.
This is called single-lel'eI multiplexing. You can
also connect the output of several multiplexers to
the inputs of another to expand the number of
channels; this method is dOllble-lc/'elll/ultiplcxing.

Operation of Sample-Holds
Sample-hold circuits. discussed earlier. are the
devices which store analog information and reduce
the aperture time of an AID converter. A sample-
hold is simply a voltage-memory device in which
an input voltage is acquired and then stored on a
high quality capacitor. A popular circuit is shown
in Fi!-,'Ure41.

~~
INPUT TI--tC OUTPUTSWITCH

DRIVER

o~------ -----~o

SAMPLE
CONTROL

Al is an input buffer amplifier with a high input
impedance so that the source. which may be an
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analog multiplexer, is not loaded. The output of Al
must be capable of driving the hold capacitor with
stability and enough drive current to charge it
rapidly. SI ls an eleetronic switch, generally an
FET, which is rapidly switched on or off by a driver
circuit which interfaces with TTL inputs.
C is a capacitor with low leakage and low dielectric
absorption characteristics; it is a polystyrene,
polycarbonate, polypropylene, or teflon type. In the
case of hybrid sample-holds, the MOS type capacitor
is frequently used.
A2 is the output amplifier which buffers the voltage
on the hold capacitor. It must therefore have ex-
tremely low input bias current, and for this reason
an FET input amplifier is required.
There are two modes of operation for a sample-
hold: sample (or tracking) mode, when the switch
is closed; and hold mode, when the switch is open.
Sample-holds are usually operated in one of two
basic ways. The device can continuously track the
input signal and be switched into the hold mode
only at certain specified times, spending most of
the time in tracking- mode. This is the case for a
sample-hold employed as a deglitcher at the output
of a DI A converter, for example.
Alternatively, the device can stay in the hold mode
most of the time and go to the sample mode just
to acquire a new input signal level. This is the case
for a sample-hold used in a data acquisition system
following the multiplexer.

The Sample-Hold as a Data Recovery Filter
A common application for sample-hold circuits is
data recovery, or signal reconstruction, filters. The
problem is to reconstruct a train of analog samples
into the original sig-nal; when used as a recovery
filter, the sample-hold is known as a zero-order hold.
It is a useful filter because it fills in the space

I
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between samples, providing data smoothing.
As with other filter circuits, the gain and phase
components of the transfer function are of interest.
By an analysis based on the impulse response of a
sample-hold and use of the Laplace transform, the
transfer function is found to be

[
. tf)JSlnrr --

G (f) = .1. ~ ci,f/r.

" f (fs rr-)
fs

where fs is the sampling frequency. This function
contains the familiar (sin x) Ix term plus a phase
term, both of which are plotted in Figure 42.

The sample-hold is therefore a low pass filter with
a cut-off frequency slightly less than fs/2 and a
linear phase response which results in a constant
delay time of T/2, where T is the time between
samples. Notice that the gain function also has signif-
icant response lobes beyond fs. For this reason a
sample-hold reconstruction filter is frequently fol-
lowed by another conventional low pass filter.

Other Sample-Hold Circuits
In addition to the basic circuit of Figure 41, there
are several other sample-hold circuit configurations
which are frequently used. Figure 43 shows two
such circuits which are closed loop circuits as con-
trasted with the open loop circuit of Figure 41.
Figure 43(a) uses an operational integrator and
another amplifier to make a fast, accurate inverting
sample-hold. A buffer amplifier is sometimes added
in front of this circuit to give high input impedance.
Figure 43(b) shows a high input impedance non-
inverting sample-hold circuit.

The circuit in Figure 41, although generally not as
accurate as those in Figure 43, can be used with a



diode-bridge switch to realize ultra-fast acquisition
sample-holds. such as those shown in Figure 44.

Figure 44. Ultra-Fasl Sample-Hold Modules Which Employ

Diode-Bridge Switches

A number of parameters are important in charac-
terizing sample-hold performance. Probably most
important of these is acquisition time. The definition
is similar to that of settling time for an amplifier.
It is the time required. after the sample-command
is given. for the hold capacitor to charge to a full-
scale voltage change and remain within a specified
error band around final value.
Several hold-mode specifications are also important.
Hold-mode droop is the output voltage change per
unit time when the sample switch is open. This
droop is caused by the leakage currents of the capa-
citor and switch. and the output amplifier bias cur-
rent. Hold-mode feedthrough is the percentage of
input signal transferred to the output when the
sample switch is open. It is measured with a sinus-
oidal input signal and caused by capacitive coupling.
The most critical phase of sample-hold operation is
the transition from the sample mode to the hold
mode. Several important parameters characterize
this transition. Sample-to-hold offset (or step) erl'Or
is the change in output voltage from the sample
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mode to the hold mode. with a constant input volt-
age. It is caused by the switch transferring charge
onto the hold capacitor as it turns off.
Aperture delay is the time elapsed from the hold
command to when the switch actually opens; it is
generally much less than a microsecond. Aperture
uncertainty (or aperture jitter) is the time variation.
from sample to sample. of the aperture delay. It is
the limit on how precise is the point in time of
opening the switch. Aperture uncertainty is the
time used to determine the aperture error due to
rate of change of the input signal. Several of the
above specifications are illustrated in the diagram
of Figure 45.
Sample-hold circuits are simple in concept. but
generally difficult to fully understand and apply.
Their operation is full of subtleties. and they must
therefore be carefully selected and then tested in a
given application.

Specification of Data
Converters

Ideal vs. Real Data Converters

Real AID and 01A converters do not have the ideal
transfer functions discussed earlier. There are
three basic departures from the ideal: offset. gain.
and linearity errors. These errors are all present
at the same time in a converter; in addition they
change with both time and temperature.

~
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Figure 46. Offset (a), Gain (b), and linearity (el Errors for

an AID Converter
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Figure 46 shows AID converter transfer functions
which illustrate the three error types. Figure 46(a)
shows offset error, the analog error by which the
transfer function fails to pass through zero. Next,
in Figure 46(b) is gain en'or, also called scale factor
aror; it is the difference in slope between the actual
transfer function and the ideal, expressed as a
percent of analog magnitude.
In Figure 46(c) linearity el?'01', or nonlinearity, is
shown; this is defined as the maximum deviation of
the actual transfer function from the ideal straight
line at any point along the function. It is expressed
as a percent of full scale or in LSB size. such as
±lh LSB, and assumes that offset and gain errors
have been adjusted to zero.
Most AID and DI A converters available today have
provision for external trimming of offset and gain
errors. By careful adjustment these two errors can
be reduced to zero, at least at ambient temperature.
Linearity error, on the other hand. is the remaining
error that cannot be adjusted out and is an inherent
characteristic of the converter.

Data Converter Error Characteristics
Basically there are only two ways to reduce linearity
error in a given application. First. a better quality
higher cost converter with smaller linearity error
can be procured. Second. a computer or micro-
processor can be programmed to perform error
correction on the converter. Both alternatives may
be expensive in terms of hardware or software cost.
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The linearity error discussed above is actually more
precisely termed integrallinca/'ity CI'I'OI: Another
important type of linearity error is known as dlf-
ferentiallinearity CI'I'01:This is defined as the
maximum amount of deviation of any quantum (or
LSB change) in the entire transfer function from its
ideal size of FSR/2". Figure 47 shows that the
actual quantum size may be larger or smaller than
the ideal; for example, a converter with a maximum
differential linearity error of -<: I 2 LSB can have a
quantum size between 12LSBand [I 2LSBanywhere
in its tranfer function. In other \\'ords, any given
analog step size is 11± 121 LSB. Integ-ral and differ·

ential linearities can be thought of as macro and
micro-linearities, respectively.
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Two other important data converter characteristics
are closely related to the differential linearity
specification. The first is lIlonotouicity. which ap-
plies to DI A converters. Monotonicity is the charac-
teristic whereby the output of a circuit is a con-
tinuously increasing function of the input. Figure
48(a) shows a noumonotonic DI A converter output
where, at one point, the output decreases as the
input increases. A DI A converter may go nonmono-
tonic if its differential linearity error exceeds [
LSB; if it is always less than [ LSB, it assures that
the device will be monotonic.
The term missing code. or skipped code, applies to
AID converters. If the differential linearity error
of an AID converter exceeds [ LSB, its output can
miss a code as shown in Figure 48(b). On the other
hand, if the differential linearity error is always
less than [ LSB. this assures that the converter
will not miss any codes. Missing codes are the result
of the AID converter's internal DI A converter
becoming nonmonotonic.
For AID converters the character of the linearity
error depends on the technique of conversion.
Figure 49(a), for example, shows the linearity
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Figure 49. Linearity Characteristics of Integrating (a) and

Successive Approximation (b) AID Converters



characteristic of an integrating type AID converter.
The transfer function exhibits a smooth curvature
between zero and full scale. The predominant type
of error is integral linearity error, while differential
linearity error is virtually nonexistent.
Figure ~9(b), on the other hand, shows the linearity
characteristic of a successive approximation AID
converter; in this case differential linearity error
is the predominant type, and the largest errors
occur at the specific transitions at 112, L" and :y, scale.
This result is caused by the internal DI A converter
nonlinearity; the weight of the MSB and bit 2 cur-
rent sources is critical in relation to all the other
weighted current sources in'order to achieve ±112
LSB maximum differential linearity error.

Temperature Effects
Ambient temperature change influences the offset,
gain, and linearity errors of a data converter. These
changes over temperature are normally specified
in ppm of full scale range per degree Celsius. When
operating a converter over significant temperature
change, the effect on accuracy must be carefully
determined. Of key importance is whether the
device remains monotonic, or has no missing codes,
over the temperatures of concern. In many cases
the total error change must be computed, i.e., the
sum of offset, gain, and linearity errors due to
temperature.
The characteristic of monotonicity, or no missing
codes, over a given temperature change can be
readily computed from the (hffel'entiallinem'ity
tempco specified for a data converter. Assuming the
converter initially has '2 LSB of differential
linearity error, the change in temperature for an
increase to 1 LSB is therefore

2-1' X 1{)"

2 DLT
where n is the converter resolution in bits and DLT
is the specified differential linearity tempco in ppm
of FSR/oC. '" T is the maximum change in ambient
temperature which assures that the converter will
remain monotonic. or have no missing; codes.

One must keep in mind a number of important
considerations in selecting AID or 01A converters.

An organized approach to selection suggests
drawing up a checklist of required characteristics.
An initial checklist should include the following
key items:

1. Converter type
2. Resolution
3. Speed
4. Temperature coefficient

After the choice has been narrowed by these con-
siderations, anum ber of other parameters must be
considered. Among these are analog signal range,
type of coding, input impedance, power supply
requirements, digital interface required, linearity
error, output current drive, type of start and status
signals for an AID, power supply rejection, size,
and weight. One should list these parameters in
order of importance to efficiently organize the
selection process.
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In addition, the required operating temperature
range msut be determined; data converters are
normally specified for one of three basic ranges
known in the industry as commercial, industrial,
or military. These temperature ranges are illus-
trated in Figure 50. Further, the level of relia-
bility must be determined in terms of a standard
device, a specially screened device, or a military
standard 883 device.
And finally, not to be forgotten are those important
specifications, price and delivery, to which the
reputation of the manufacturer must be added.
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Where and when to use
which data converter

A broad shopping list of monolithic, hybrid, and discrete-component
devices is available; the author helps select the most appropriate

With the commercial availability of data-converter
products-the result of both hybrid (multichip) and
monolithic (single-chip) technologies-users of analog-
to-digital (AID) and digital-to-analog (DiAl converters
now have an impressive array of designs from which to
choose. In addition, the older discrete-component designs
still remain a viable choice for many high-performance
applications, particularly those where broad operating
characteristics and specialized features are important.
Unfortunately, rather than helping the users to match the
proper products to their needs, data-converter manu-
facturers confuse the issue by arguments over the relative
merits of the different technologies. A closer look at the
various types of data converters may help to clear up
some of this confusion.

How data converters are used
Data converters are the basic interfaces between the

physical world of analog parameters and the computa-
tional world of digital data processing. They are used in
many industries in a wide variety of applications. in~
eluding data telemetry, automatic process control, test
and measurement, computer display, digital panel meters
and multimeters, and voice communications, as well as
in remote data recording and video signal processing.

As a typical example of the use of AID and D/A con-
verters, Fig. 1 illustrates how an entire industrial process
can be controlled by a single digital computer, which may
be located at a considerable distance from the process
site. To communicate with the process, data inputs to the
computer must be converted into digital form and the
outputs reconverted into analog form.

Physical parameters of temperature, pressure, and flow
are sensed by appropriate transducers and amplified to
higher voltage levels by operational or instrumentation
amplifiers. The various amplifier outputs are then fed
into an analog multiplexer for sequential switching to the
next stage-a sample-hold circuit that "freezes:' the input
voltage of a sequentially switched input for a fixed period
of time, long enough for the following AID converter to
make a complete conversion cycle. In this manner, a
single AID converter is time·shared over a large number
of analog input channels. Each channel is sampled peri-

The most common 01A and AID conversion techniques are the
parallel-Input sct,eme 'or D/A conversion (A), the successlve-
approximation AID conversion technique (8), the popular
dual-slope AID conversion circuit (C), and the parallel, or flash,
AID conversion circuit 'or ultrahigh speeds (D).

odically at a rate that is relatively fast when compared
with any change in the process.

After receiving data from the process, the computer
calculates the existing "state" of the process and com-
pares it with the "desired state" stored in its memory.
From this comparison, corrections are determined for the
process variables. This information is fed to D/A con-
verters that convert. the digital data into analog form, and
are then used to supply inputs to the process to bring it
to the gesired state.

Types of data converters
Of the many different techniques that have been em-

ployed to perform data conversion, only a few are in wide
use. Most D/ A converter designs utilize a parallel-input
circuit. In this scheme, the converter accepts a parallel
binary input code and delivers an analog output voltage
by means of binary weighted switches that act simulta-
neously upon application of the digital input. In the
opening illustration, a representative parallel. input
D/A-converter circuit is presented (A) in which binary
weighted pnp·transistor current sources are controlled
by emitter·connected diodes. For simplicity, 8 4-bit
converter is shown. The inputs operate from transis·
tor-transistor logic (TIL) levels. The output current
changes rapidly with a change in the digital input code.
Since a voltage output is desired in most cases, the current
from the pnp transistors is fed to an operational amplifier
current-to-voltage converter. An internal voltage refer·
ence, which may be a Zener·diode or band-gap reference
circuit, completes the circuit.

The most common AID-conversion technique is the
successive·approximation method, used in 70-80 percent
of all present·day applications. As shown in the opening
illustration, this circuit (B) incorporates the parallel-
input D/A converter circuit previously described along
with a successive·approximation register I a comparator,
and a clock. The D/ A converter's output, controlled by
the successive-approximation register, is compared, one
bit at a time, against the input signal, starting with the
largest or most significant bit. A complete conversion is
always accomplished in n steps for an n-bit converter,
regardless of the input signal value. Successive-approx.
imation AID converters have the desirable characteristics
of high conversion speed as well as excellent accuracy and
stability, provided the circuit is well designed.

The next most popular AID-conversion method is the
dual-slope technique found in most digital panel meters
and digital multimeters and commonly used in mea-
surement and numeric display systems, also shown in the
opening illustration (C). This converter circuit operates
on an indirect principle, whereby the input voltage is
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111 AID and 01A conversion products are a process-control
system's basic Interface ekmlents between its physical variables
and digital controlling computers.

converted to a time period measured by means of a ref-
erence and a counter. First, the input voltage is integrated
for a fixed period of time, determined by the circuit's
clock and counter. The integrator is then switched to the
reference, causing integration in the oppoSite direction,
until the output is back to zero, as determined by the
comparator. The resultant digital-word output of the
counter is proportional to the input voltage. The dual-
slope method is very accurate, as its accuracy and stability
depend only on the accuracy and stability of the circuit's
reference. Its disadvantage is a much slower conversion
time than with successive-approximation converters.

A third AID-conversion method is the less frequently
used ultrahigh-speed parallel, or flash, technique. As
shown in the opening illustration, this circuit (D) employs
2'1 - 1 comparators to make an n-bit conversion. The
comparators are biased by a tapped resistor connected
to the reference voltage. The input signal is fed to the
other comparator inputs all tied together. The result is
a circuit that acts as a quantizer with 2" levels, where n
is the number of bits. For a given input-voltage level, all
comparators biased below that level trip ON, and those
biased above it remain OFF. The 2" - 1 digital outputs
from the comparator must then be decoded into binary
outputs. Since the complete conversion cycle occurs in
only two steps, very-high-speed conversions are possible.
The limitation of this technique is that it is difficult to
realize high resolution, because of the large number of
comparators required.

A comparison of technologies
Traditionally, data converters have been of the dis-

crete-component type, first becoming available in in-
strument cases and later in compact, encapsulated
modules. The advantage of this approach is that optimum
components of all types can be combined. For example,
for very high levels of speed and precision, a high-speed
comparator may be combined with precision, high-speed
current switches utilizing very-Iow-temperature-coeffi-
cient resistors and a very-low-temperature-coefficient
reference. The result of such flexible component selection
has been the development of some very impressive
high-performance discrete-component converters over
the past several years. For example, Table I shows that

12-bit current-output 01A converters are available with
settling times as low as 50 ns, with voltage-output units
achieving settling times down to 600 ns. Resolution can
be as high as 16 bits. Excellent stabilities are also possible;
ultralow drifts of 1 ppm/oC are achievable.

Equally impressive performance is also obtainable from
discrete-component AID converters. The fastest are the
parallel types with resolutions of 8 bits at a 17-MHz
conversion rate. Successive-approximation AID con-
verters offer rapid conversion times at various resolutions.
As can be seen in Table II, conversion times of 0.80, 1.0.
2.0, and 10 /,s at resppctive resolutions of8, 10,12, and 14
bits are possible. Slower but higher-resolution 14-bit
dual-slope and 16-bit successive-approximation AID
converters with excellent stabilities are also available.

Hybrid converters
Although hybrid-converter design is almost as flexible

as that of discrete-component converters, it does have two
limitations: Not all of the semiconductor components
used in a hybrid converter are readily available in chip
form. Moreover, the number of chips used in a hybrid
converter must be kept to a minimum for the converter
to be economically producible. Minimizing the chip count
minimizes the number of bonds required, which in turn
minimizes labor content and maximizes both end-product
yield and reliability.

Three factors have played a role in the emergence of
new low-cost high-performance hybrid converters. The
first is''the availability of low-cost quad-current switches
in chip form, which has simplified the circuitry required
for the binary weighted current sources used. Second, new
monolithic successive-approximation registers have
minimized the logic circuitry required. And third, stable
thin-film resistors with tight temperature tracking
characteristics, and trimmable with fast laser trimming
techniques. have made it possible to achieve economical
12-bit, and higher, resolutions. In fact, the excellent
tracking characteristics of thin-film resistors (tracking
within 1-2 ppm/oC is considered routine) provides hybrid
converters with an advantage over modular discrete-
component units.

As can be seen in Table I, hybrid devices include 8-,10-,
12-, and 16-bit DIA converters with excellent perfor-
mance characteristics. The 12-bit D/A converters have
temperature coefficients as low as 10 ppmjOC. and some
certain input registers. Most hybrid D/A converters do
not require external output amplifiers.

Hybrid AID converters with resolutions of 8, 10, and
12 bits are available, with respective conversion times of
0.9, 6.0, and 8.0 /,s. An attractive feature of such AID
converters is their low price; for example, 12-bit models
are now selling for under $100. Such units are complete
converters and, except for calibration adjustments, re-
quire no external circuitry.

Monolithic converters
Monolithic data converters are generally a step below

discrete and hybrid units in performance. In addition,
various external components are usually required for
proper operation, although this may not be viewed as a
serious limitation since the attractive low prices of mo-
nolithic converters may more than compensate for the
cost of the added components.

One of the obvious fabrication difficulties is making
stable monolithic resistors for 10- and 12-bit monolithic
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I. Representative 01A converters II. Representative AID converters

Gain Gain

Resolu- Settling TC Resolu· Conversion TC
tion Time Output (ppml tion Time Conversion (ppml
(bits) (~S) Type ·Cl Comments (bits) {~sl Type ·CI Comments

Discrete-component conyerters Discrefe-component converters
10 0.025 Current 15 Ultrafast 5 0.01 Parallel Ultrafast;
10 0.25 Voltage 60 Ultrafast lQO-MHz rate
12 0.05 Current 20 Ultrafast 8 0.80 Successive 20 Very fast; 1.2-
12 2 Voltage 20 Fast; contains input approximation MHz rate

register 0.06 Parallel 100 Ultrafast;

12 5 Voltage 7 LOVl/drift 17-MHz rate

12 0.60 Voltage 35 Ultrafast; deglitched 10 Successive 20 Very fast;
14 2 Voltage 10 Fast; low drift approximation '-MHz rate
16 25 Voltage 1 Ultralow drift 12 Successive 30 Very fast;

approximation 500-k Hz rate
Hybrid converters 14 10 Successive Fast

8 2 Voltage Contains input register approximation
10 3 Voltage Fast 16 400 Successive 8 High resolution;
12 3 Voltage 10 Fast approximation very low drift
12 3 Voltage 20 Contains input register 14 230 000 Dual slope High resolution; low
16 50 Current 7 High resolution; requires drift; Ratiometric

external output with front-end
amplifier isolation

Hybrid converters
Monolithic converters 8 0.9 Successive Fast

B 0.085 Current Fast; requires external approximation
reference 10 6 Successive 30 Fast

0.50 Current Companding type for approximation
communication 12 Successive 20 Fast
applications approximation

10 1.5 Voltage 60 Complete unit; includes Monolithic converters
reference and output 8 40 Successive Requires external re-
amplifier approximation ference and clock

10 0.50 Current Multiplying type made 8 1800 Charge balancing CMOS; requires ex-
from CMOS tech- ternal reference and
nology; requires ex- other components
ternal reference and 10 40 Successive CMOS; requires ex-
output amplifier approximation ternal comparator.

10 0.25 Current 60 Uses thin-film resistors; reference. and other
has internal reference, components
but requires external 10 6000 Charge balancing CMOS; requires ex-
output amplifier ternal reference and

12 0.50 Current Multiplying type made other components
from CMOS tech- 12 24 000 Charge balancing CMOS; requires ex-
nology; does nQt have ternal reference and
12-bit linearitY; re- other components
quires external refer- 13 40 000 Dual slope CMOS; has auto-zero
ence and output circuit; requires ex-
amplifier terna! reference and

12 0.30 Current Bipolar type with true other components
12-bit linearity; re- 3Y2-digit 40 000 Dual slope CMOS; has auto-zero
qLlires external refer- BCD circuit; requires ex-
ence and output ternal reference and
arr,plifier other components

converters. It is possible to use diffused resistors for 8-bit,
and sometimes lO-bit, converters, but tracking require-
ments at the 12-bit level are severe, necessitating the use
of thin-film resistors and the additional step of depos-
iting the thin4film resistors onto the monolithic chip.

Monolithic-converter designers have been quite suc4

cessful in employing ingenious circuit techniques to
achieve what would have been difficult to do in a
straightforward manner. This is one of the challenging
aspects of monolithic circuitry. For example, although
monolithic 12-bit successive-approximation AID con-
verters are quite difficult to make, equivalent accuracy
can be readily achieved by use of the slower dual-slope
conversion technique. A number of low-cost 12-bit mo-
nolithic units are on the market that offer good perfor-
mance characteristics. They utilize either the dual-slope

or charge-balancing technique,
Charge balancing involves switching, in discrete time

intervals, the output of a current source fed into the
summing junction of an operational integrator. The
switching is controlled by a comparator, which is con-
trolled, in turn, by the output of the operational inte-
grator. The input signal, which is also fed into the oper-
ational integrator's summing junction, determines the
switching current's pulse rate. As the input signal in-
creases in magnitude, the switched current's pulse rate
(controlled by the comparator) increases in proportion
to the input signal, until a current balance is achieved at
the operational integrator's summing junction.

Whereas earlier monolithic devices used a two-chip
approach to separate the analog and digital portions of
the circuit, newer converters are one-chip units_ Never-



High-performance data converters first became available
in 1955. when the Epsco Corp. unveiled its Datrac B-611
AID converter (one of the historical exhibits of last year's
ELECTRO in Boston). This vacuum-tube-based instrument.
together with its companion power supply. weighed 150
pounds (68 kg) and cost $8500. Yet it offered impressive
performance, even by today's standards: ll-bit resolution
at a 44-kHz.conversion rate.

The development of early converters was spurred in part
by the then infant U.S. space program, which used them
fO(high-speed pulse-cOOe-modulation(PCM) dala-telemetry
and computer data-reduction applications, and also for
digitizing radar signals.

By 1958-1959, packaged transistors replaced vacuum
tubes to produce 12-bit AID converters that were sub-
stantially smaller in size than their predecessors. At least
three such converters were introduced at that time-by
Adage. Epsco, and Packard-Bell; they ranged in conversion
times from 13 to 48 J.l.S. Selling price was still quite high
(about $5000) and by 1960, only about 2000 of these
converters were in use.

A breakthrough QCctXred in 1966 when Epsco introduced
its Datrac 3, a small hand-held 12-bit discrete-component
AID converter constructed on just two circuit boards in a
metal.-ease module. The unit had 24-lis conversion and sold
for $1200. Similar devices soon followed and, by 1968, the
Redcor Corp. had introduced the first encapsulated dis-
crete-component 12-bit AID converter with 50-liS con-
version at a price of $600.

The next year saw rapid improvement in discrete-
component-converter performance, with 12·bit AID-con-
verter conversion times dropping down to 12 J.l.s.During that
same period. the Beckman Instrument Co. unveiled a
new-generation data converter-the first hybrkl converter,
an 8-bit 01A unit made from multiple monolithic IC chips
and a thick-film resistor network. An 8-bit 01A with a
thin-film resistor network was produced in 1970 by Micro
Networks.

Monolithic data converters were also being developed
in the late '60s. in 1968, FairchHd Semiconductor was able
to build a monolithic 10-bit DIA converter based on its
model J.l.A 722. although this unit was a basic building block
requiring an external reference. resistor network, and
output amplifier. By 1970, Analog Devices had manufac-
tured the industry's first monolithic quacJ-current switches,
to be used as building blocks for hybrid AID and 01A con-
verters up to 16 bits in resolution. It was also in 1970 that
Precision Monolithics produced the first complete 01A
converter in monolithic form-a 6-bit unit that included a
reference and an output amplifier. and required no addi-
tional components for operation (model DAC-Ol).

Meanwhile, discrete-component converters continued
to be improved in performance characteristics. By 1971,
conversion times for 12-bit AID units had dropped to just
4 liS, though prices still hovered around the $600-$700
mark. Hybrid-converter prices continued to drop, with an
ll-bit D/A converter (Beckman Instruments' model 848)
selling for $155 in 1971 and a 12-bit unit (Micro Networks'
model MN312) dropping to $100 by the next year.

Monolithic units also continued to be improved. In 1972,
Motorola announced an 8-bit monolithic 01A converter
(model MC 1408), and Precision Monolithics produced a
10-bit unit (model DAC-02) the next year.

By 1975, the price of hybrid data converters such as
Datel Systems' 12-bit model ADC-HY12B AID converter
had dropped below $100. At the same time, 10-bit mono-
lithic 01A converters were selling for as low as $20. And
performance of discrete-component AID converters such
as Datel's ADC-EH12B3-a 12-bit 2-lis unit-has reached
a new high at a record low price of $300, half the former
price.

Monolithic-converter prices have continued to drop (now
down to about $10 for a 10-bit DIA unit requiring external
components) while performance is up (300-ns for a 12-bit
01A converter from Precision Monolithics requiring only
an external reference and an op amp).

theless, external components, such as an integrating ca-
pacitor, a reference, and some compensation parts, are
needed for proper operation.

CMOS <i<cuitry has been used to fabricate monolithic
converters with BCD coding, for digital panel meters and
small instruments. Among the other popular monolithic
AID converter types is an 8-bit design that employs a
variation of the successive-approximation technique.
This device is made with an ion-implanted p-channel
MOS technology. Instead of the conventional eight
switches, it uses 255 switches connected to a 256-series-
resistor chain. In hybrid or discrete form, this would be
a gross waste of components, but not so in monolithic
form. This approach results in a monotonic 8-bit AID
converter.

Another successful monolithic approach has been to
use bipolar technology to make an 8-bit DI A converter
with a companding characteristic for use in voice'PCM
systems. A typical device has eight inputs, which select
eight chords (straight-line approximations to a curve),
each with 16 equal steps. As pMt of an AID convertor, this
device compresses a signal (provides high gain at low
signal levels and vice versa). When used as a D/A con-
verter, it expands the signal according to a standardized
logarithmic curve.

Tables I and II list some representative monolithic DI A
and AID converters. A large number of 8-bit devices are
on the market, chiefly because of their low prices and
satisfactory performance levels. Several 10-bit D/A

converters are also available, one of which can be obtained
with a reference and an output amplifier. And one
multiplying-type 10-bit unit can have a variable reference
applied to it. The CMOS 12-bit monlithic D/A converter
model available at this time is a multiplying type, and
does not provide full 12-bit linearity. Another bipolar
12-bit D/A converter has been introduced that has true
12-bit linearity, and requires an external reference and
output amplifier. •

The author wishes to acknowledge the help of the following in
tracing some early-model data converters: Nicholas Tagaris, John
Gallagher, and James Zaros of Datel Systems; Richard Tatro of
Micro Networks: Richard Snyder of Beckman Instruments; Donn
Soderquist of Precision Monolithics.
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Know your converter codes. When you work
with aid and d/a converters, there are many input and output
codes to choose from. Here are some characteristics of each.

The right digital code can help simplify system
design when analog-to-digital and digital-to-ana-
log converters are used in the system.

While some custom aid and d a converters use
special codes, off-the-shelf units employ one of
a few common codes adopted by the industry as
"standard" (Table 1). Understanding which code
to use, and where, is the key to a simpler system
design. And the added benefits with a standard
code include lower cost of the converter and a
wider choice of vendors.

Many designers are perplexed about applica-
tion. There are unipolar codes-straight binary,
complementary binary and binary coded decimal
(BCD). There are bipolar codes-sign-magni-
tude binary, sign-magnitude BCD, offset binary,
one's complement and two's complement. Other
decimal codes include excess-three, 2421, 5421,
5311 and 74-2-1. And there are also reflective
codes-such as the Grey code; and error-detect-
ing codes-like the Hamming.

All codes used in converters are based on the
binary numbering system. Any number can be
represented in binary by the following

N == an2n + an_12n
-

1 + .... +a:;2:! + a\21 + a()2°,
where each coefficient a assumes a value of one
or zero. A fractional binary number can be
represented as

N == a12-1 + a:;2-:? + a32-3 + .... + a1l2-n•

A specific binary fraction is then written, for
example, as 0.101101. In most converters it is
this fractional binary number that is used for
the basic converter code. Conventionally the frac-
tional notation is assumed and the decimal point
dropped.

The left-most digit has the most weight, 0.5,
and is commonly known as the most-significant-
bit (MSB). Thus the right-most digit would have
the least weight, 1/2", and is called the least-
significant-bit (LSB).

This coding scheme is convenient for con-
verters, since the full-scale range used is simply
interpreted in terms of a fraction of full scale.
For instance, the fractional code word 101101
has a value of (1 x 0.5) + (0 x 0.25) + (1 x

Table 1. Summary of coding for aId
and dla converters

D I a converters A I d converters
Straight binary Straight binary:. BCD BCD

0
Complementary binary Straight bin, invert.c-

'" analog::>
Complementary BCD BCD, inverted analog
Offset binary Offset binary
Complementary off. Two's complement

binary

'" Two's complement Offset bin, invert.
"0 analog
in Two's campi, invert.

analog
Sign + mag. binary
Sign + mag. BCD

0.125) + (1 x 0.0625) + (0 x 0.03125) + (1
x 0.015625), or 0.703125 of full-scale value. If
all the bits are ONEs, the result is not full scale
but rather (l - 2''') x full scale. Thus a lO-bit
d a converter with all bits ON has an input code
of 1111 1111 11. If the unit has a + 10-V full-scale
output range, the actual analog output value is

(1 - 2''') x 10 V = +9.990235 V.
The quantization size, or LSB size, is full scale

divided by 2"-which in this case is 9.77 mY.

Analyzing digital codes

The four most common unipolar codes are
straight binary, complementary binary, binary-
coded decimal (BCD) and complementary BCD.
Of these four, the most popular is straight-
binary, positive-true. Positive-true coding means
that a logic ONE is defined as the more positive
of the two voltage levels for the logic family.

Negative-true logic defines things the other
way-the more negative logic level is called ONE
and the other level ZERO. Thus, for standard
TTL, positive true logic makes the +5-V output
logic ONE and 0 V a ZERO. In negative true
logic the +5 V is ZERO and 0 V is ONE.

All four of the codes are defined (Table 2) in
terms of the fraction of their full-scale values.
Full-scale ranges of +5 and + 10 V are shown.
with 12-bit codes.



Table 2. Unipolar codes-12 bit converter
Straight binary and complementary binary

Scale + 10 V FS +5 V FS Straight binary Complementary binary

+ FS -1 LSB +9.9976 +4.9988 1111 1111 1111 0000 0000 0000
+ 7/8 FS +8.7500 +4.3750 1110 0000 0000 0001 1111 1111
+3/4 FS + 7.5000 +3.7500 1100 0000 0000 0011 1111 1111
+ 5/8 FS +6.2500 +3.1250 1010 0000 0000 0101 1111 1111
+ 1/2 FS +5.0000 +2.5000 1000 0000 0000 0111 1111 1111
+3/8 FS + 3.7500 + 1.8750 0110 0000 0000 1001 1111 1111
+ 1/4 FS +2.5000 + 1.2500 0100 0000 0000 1011 1111 1111
+ 1/8 FS + 1.2500 +06250 0010 0000 0000 1101 1111 1111
0+ 1 LSB +0.0024 +0.0012 0000 0000 0001 1111 1111 1110

0 0.0000 00000 0000 0000 0000 1111 1111 1111

Scale + 10 V FS + 5 V FS Binary coded decimal Complementary BCD

+FS-l LSB +9.99 +4.95 1001 1001 1001 0110 0110 0110
+ 7/8 FS +8.75 +4.37 1000 0111 0101 0111 1000 1010
+3/4 FS + 7.50 +3.75 0111 0101 0000 1000 1010 1111
+ 5/8 FS +6.25 +3.12 0110 0010 0101 1001 1101 1010
+ 1/2 FS +5.00 +2.50 0101 0000 0000 1010 1111 1111
+3/8 FS + 3.75 + 1.87 0011 0111 0101 1100 1000 1010
+ 1/4 FS +2.50 + 1.25 0010 0101 0000 1101 1010 1111
+ 1/8 FS + 1.25 +0.62 0001 0010 0101 1110 1101 1010
0+ 1 LSB +0.01 +0.00 0000 0000 0001 1111 1111 1110

0 0.00 0.00 0000 0000 0000 1111 1111 1111

D/a and aId converters: The
operating basics

The basic transfer characteristic of an ideal
dill. COllyertel' forms the plot :-:.hown in Fig. A.
The dill. takes an input digital code and tOllycrts
it to an analog output \"oltage 01' current. This
form of discrete input and di."'cn'tc output
(quantized) gi\"es the t,'ansfel' fllfH:tion a
stl'aight line through the tops of tht' \'t'rtical
bars. In general the analog yalues are compll'tl'l.\"
arbitrary and a large number of binary rlig-ital
codes tall be used. Analog full~~;cale I.:ClIl he de-
fined as 25.2 to 85.7 \. as easily as 0 to 10 ".

In practice, though. the industry has settled
on se\"eral codes and \"ery simple I'ange~ for mo",t
ma.iol· applications. For instance. the tran:-;fer
characteristics in Fig. A are for a d/a com'erter
that lI:-;es a :~-bit unipolar binary code and an
output defined only in terms of its full-",call'
\·alue.

The ideal aid converter (Fig. B) has a stair-
case transfer characteristic. Here an analog- in-
put voltage 01' current is con\'erted into a digital
\\'ord. The analog input is quant.ized into n
le\'els for a converter with n bits resolution.
For the ideal converter, the true analog \'alue
cOlTesponding to a given output code word i",
centered between two decision levels. There are
2s_1 analog decision levels, The quantitization
size. Q. is equal to the full-scale range of the
com'erter divided by 2".

For the ideal d/a conH'I'ter, there is a one-
to-one cOITespondence between input and out·
put. uut for the aid there is not. because an: •.
analog input. within a range of Q will gi\"(~ the
same out.put code word, Thus. for a gi\'cn tode
word. the corresponding input analog ntlue
could hm'e errors of from u to ±Q/2, This
quantization errol' can he reduced only uy an
increase in tOI1\"el'ter resolution.

Although the analog input 01' output range:'>
are arlJitrary. some of the standardized range",
include 0 to +5. 0 to +10. 0 to 5 and 0 to
--10 Y fOl' unipolar COll\"erters. and 2.5 to
+2.5. 5 to 5 and 10 to + 10 \' for bipolar
llnits, Man ..•. units on the market are pl'ogram-
mabie t~'pes in which external pin connl'ction",
dl'tl'rmine the l'<-lnge of operation.
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ate output current in different directions. The resistor
weighting determines the output code.

Complementary-binary, positive-true coding is
also used in d a converters. This scheme is used
because of the weighted current source configur-
ation employed in many converter designs.

Fig. 1 shows two commonly used weighted-
current-source designs. The pnp version (Fig.
la) delivers a positive output current with
straight binary positive-true coding. When the
logic input is ONE, or +5 V, the current source
is on, since the input diode is back-biased. Thus
the current from each ON weighted current
source is summed at the common-collector con-
nection and flows to the output. A ZERO input
holds the cathode of the input diode at ground
and steals the emitter current from the transis-
tor, keeping it off.

The use of an npn current source (Fig. 1b)
produces a negative output current with com-
plementary binary positive-true coding. The pnp
transistors operate in the same way as before,
but each collector is connected to the emitter of
an npn weighted current source, which is turned
on or off by the pnp transistor. This basic

method finds common use in IC quad current-
source circuits.

Complementary binary, positive-true, coding is
identical to straight binary negative true; these
are just two definitions of the same code.
Straight-binary, negative-true, coding is com-
monly used to interface equipment with many
minicomputer input output busses. Unipolar a d
converters most frequently use the straight
binary positive-true cod ing. They also use
straight-binary invel-ted-analog where the full-
scale code word corresponds to the negative full
scale analog value.

Another popular code used in many converters
is BCD. Table 2 shows three-decade BCD and
complementary BCD codes used with converters
that have full-scale ranges of +5 or + 10 V. BCD
is an 8421 weighted code, with four bits used to
code each decimal digit. This code is relatively
inefficient, since only 10 of the 16 code states
for each decade are used. It is, however, a very
useful code for interfacing decimal displays and
switches with digital systems.

2. Binary (a) and BCD (b) ladder networks in d I a con-
verters use the same weighting in the resistor quads but
different divider ratios.

3. Most aid converters for bipolar operation are offset
by a current equal to the .value of the MSB. The half-
scale then becomes 100 . O.



With d a converters, it is especially convenient
to have input decimal codes for use with such
equipment as digitally programmed power sup-
plies. And, with a d converters, BCD is particu-
larly popular for the dual-slope type for direct
connection to numeric displays.

BCD coding in converters can be achieved in
two ways: binary-to-BCD code conversion or
direct weighting of internal resistor ladders and
current sources. Today it is almost always done
by resistor weighting schemes (Fig. 2). Each of
the weighted resistors gets switched to a voltage
source and thus generates the weighted current
for the amplifier. Fig. 2a shows an 8-bit binary
ladder network. Due to temperature-tracking
constraints, groups of four resistors are used.
Then the total resistance variation won't exceed
8-to-1.

In between the groups of four resistors is a
current divider composed of two resistors that
give a division ratio of 16 to 1 between resistor
quads. The BCD ladder configuration is similar,
with the same values in each of the groups of
four resistors. In this case, however, the current
divider has a ratio of 10 to 1 between resistor
quads. Thus, because of the difference in interrrnl
weighting, BCD-coded converters cannot be pin-
strapped for another code; they must be ordered
only for BCD use.

Codes can be made bipolar

Most converters have provision for both uni-
polar and bipolar operation by external pin con-
nection. The unipolar analog range is offset by
one-half of full scale, or by the value of MSB
current source, to get bipolar operation (Fig. 3).
The current source, equal to the MSB current, is

derived from the internal voltage reference, so
it will track the other weighted current sources
with temperature.

For bipolar operation, this current source is
connected to the converter's comparator input.
Since the current flows in a direction opposite
from that of the other weighted sources, its value
is subtracted from the input range. With the
weighted currents flowing away from the com-
parator input, the normal input voltage range is
positive. Thus the offsetting can ~hange a 0 to
+10-V input range into a -5 to +5-V bipolar
range.

If the analog range is offset for a converter
with straight binary coding, the new coding be-
comes offset binary. This is the simplest code for
a converter to implement, since no change in the
coding .is required. Table 3 shows offset binary
coding for a bipolar converter with a ± 5-V input
range. All ZEROs in the code correspond to
minus full scale. The code word that was origi-
nally half-scale becomes the analog zero, 1000
0000 0000. And all ONEs correspond to +5 V
less one LSB. Successive-approximation a d con-
verters also have a serial, straight-binary output.
This serial output is the result of the sequential
conversion process, and it also becomes offset
binary when the converter is connected for bi-
polar operation.

Three other types of binary codes are shown in
Table 3, along with the offset binary. Of all
four, the two most commonly used are offset
binary and two's complement. Some converters
use the sign-magnitude binary, but the one's
complement is rarely used.

The two's complement code is the most popu-
lar because most digital arithmetic is performed
in it; thus most interfacing problems are elim-

Scale ± 5 V FS Offset binary Two's complement One's complement Sign·mag binary

+FS-I LSB +4.9976 1111 1111 1111 DIll IIII 1111 DIll 1111 1111 1111 1111 IIII
+3/4 FS +3.7500 1110 0000 0000 0110 0000 0000 0110 0000 0000 III 0 0000 0000
+ 1/2 FS + 2.5000 1100 0000 0000 DIDO 0000 0000 0100 0000 0000 1100 0000 0000
+1/4 FS + 1.2500 1010 0000 0000 DOlO 0000 0000 DOlO 0000 0000 1010 0000 0000

0 0.0000 1000 0000 0000 0000 0000 0000 0000 0000 0000' 1000 0000 0000'
-1/4 FS - 1.2500 OlIO 0000 0000 III 0 0000 0000 1101 1111 IIII DOlO 0000 0000
-1/2 FS -2.5000 DIDO 0000 0000 lIDO 0000 0000 lOll 1111 1111 DIDO 0000 0000
-3/4 FS -3.7500 DOlO 0000 0000 1010 0000 0000 IDOl 1111 1111 0110 0000 0000
-FS+I LSB -4.997~ I 0000 0000 0001 1000 0000 000 I 1000 0000 0000 DIll 1111 1111
-FS - 5.0000 0000 0000 0000 11000 0000 0000 - -

·Note: One's complement and sIgn magnitude binary
have two code words for zero as given below;
these are deslgr'l3ted zero piUS and zero minus:

One's complement

0000 0000 0000
1111 11111111

Sign·mag binary

1000 0000 0000
0000 0000 0000
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Normal analog In·vertedanalog Normal analog
Scale offset binary offset binary camp. offset binary

+FS 0000 0000 0000

+FS- 1 LSB 1111 1111 1111 0000 0000 0001 0000 0000 0000
+1/2 FS 1100 0000 0000 0100 0000 0000 0011 1111 1111

0 1000 0000 0000 1000 0000 0000 0111 1111 1111

-1/2 FS 0100 0000 0000 1100 0000 0000 1011 1111 1111

- FS + 1 LSB 0000 0000 0001 111111111111 1111 1111 1110

-FS 0000 0000 0000 1111 1111 1111

4. For two's complement coding in a dI a, the MSB
current-source must go to the opposite terminal from
the other weighted sources to avoid output glitches.

5. The inverted-analogd/a converter (a) and the invert·
ed·analog aid converter (b) have negative·goinganalog
output and input values, respectively.

inated. The easiest way to characterize the two's-
complement code 'is to look at the sum of a posi-
tive and negative number of the ,a me magnitude;
the result is all ZEROs plus a carry.

Visually the only difference between two's
complement and offset binary is the left-most
bit. In two's complement code it is the comple-
ment of the left-most bit in offset binary.

This left-most bit is normally called the MSB;
in offset binary it is, in effect, the sign bit, and
is so called in the other codes. Thus two's-com-
plement coding is derived from offset binary
when the sign bit is complemented and brought
out as an additional output.

Coding has its limitations

Both two's-complement and offset-binary codes
have magnitudes (if we temporarily forget about
the sign bit) that increa.~e from minus full scale
to zero, and, with a sign change, from zero to
plus full scale. Both codes have a single definition
of zero. On the other hand, one's-complement and
sign-magnitude codes have magnitudes that in-
crease from zero to plus full scale and from zero
to minus full scale. Both of these codes have two

code words for zero, as shown in Table 3. Be-
cause of the extra code word used for zero, the
range of these codes is one LSB less than for
offset-binary and two's-complement 'Coding.

For positive numbers, one's-complement is the
same as two's-complement. The negative number
in one's-complement is obtained when the posi-
tive number is complemented. Sign-magnitude
coding is identical to offset binary for positive
numbers; negative numbers are obtained by use of
the positive number with a complemented sign bit.

D a converters don't usually use two's comple-
ment coding. This is because it's hard to invert
the MSB weighted current source. If the logic
input is inverted, there is an extra digital delay
in switching the current source, and this causes
large output transients when the current is
switched on and off.

The other alternative is to change the direction
of the MSB current instead of inverting the
digital input. This is also difficult to do and
can introduce switching delays.

One satisfactory way of inverting the MSB is
shown in Fig. 4. Here a voltage output d a con-
verter that uses two's-complement coding has the
MSB current switched into the negative ampli-



fier input terminal, while the other weighted
currents are switched into the load resistor and
positive input terminal. Thus opposite-polarity
output voltages are produced, and there are no
additional switching delays in the MSB.

One other code in Table 1 is the sign-magni-
tude BCD. This code, used mostly in dual-slope
a d converters, usually requires 13 bits for a
three-decade digital display. Of the 13 bits, 12
are for the BCD code and one for the sign bit.
An additional output bit for an overrange in-
dication is generally supplied.

Another scheme in Table 1 is inverted analog
code. This is also called negative ref~rence cod-
ing. While most converters use zero to plus full
scale as analog values; the inverted configura-
tion uses zero to minus full scale values. The
coding then increases in magnitude when the
analog level increases in magnitude from zero to
minus full scale. For bipolar coding, normal
analog has an increasing code as the analog value
goes from minus full scale to plus full scale; in-
verted analog coding does the opposite-the code
increases as the analog value goes from plus full
scale to minus.

Why the need for this code? Fig. 5a shows a
d a converter that delivers a negative output
current. With bipolar operation and use of the
offset current source, the converter provides a
code ZERO that corresponds to plus full scale

output current. However, if a current-to-voltage
converter is used at the output, an inversion
takes place, and a normal analog output voltage
resulls.

In Fig. 6b, a d/a converter with positive output
current is used in an aid converter. Since the
d a output current is summed with the offset
and input current at the comparator input, a
negative input voltage is needed to balance these
currents. The analog input thus goes from plus
full scale to minus full scale for an increasing
output code. Normal analog coding is achieved
by use of an inverting amplifier ahead of the
analog input terminal.

Inverted analog coding is compared with the
normal offset binary coding in Table 4. This com-
parison shows that if the inverted analog offset
binary code is rotated around the zero of the
analog voltage, a normal analog offset binary
output results. If inverted analog offset binary
is compared with normal analog complementary
offset binary, the two codes will appear identical
except for an offset of one LSB. The relation-
ship between these two codes can be expressed
as:

Normal analog complementary binary + 1 LSB
= Inverted analog offset binary.
Therefore a converter that uses one of these

codes can also be used for the other with an ex-
ternal offset adj ustment of 1 LSB. ••
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INTERPRETATION OF DATA
CONVERTER ACCU RACY
SPECI FICATIONS

Cognizance of accuracy factors involved when interfacing data
converters into system applications permits designers to meet overall
error budget constraints. Transfer functions; quantization noise;
offset, gain, and linearity errors; and temperature effects must
be interpreted to satisfy specification requirements

Analog-la-digital and digital-la-analog converters are
widely utilized to interface between the physic~1 world
of analog measurements and the computational world of
digital computers. Dating from the early 19505, the ap-
plication of data converters has increased enormously
as the use of minicomputers and microcomputers has
grown. Typical applications of data converters involve the
areas of process conlrol and measurement where the
inputs and outputs of the system must be in analog form,
yet the computation and control functions are performed
digitally. In such a system, input variables such as
temperature, flow, pressure, and velocity must be con-
,erted into electrical form by a transducer. then ampli-
fied and converted into digital form by an analog-to-
digital com erter for the computer to process.

Since the computer not only measures and determine~
the state of a process, but also controls it, its com~uta-
tions must be employed to close the loop around thf'
sy~tem. This is done hy causing the computer to actuatt>
inputs to the process itself. thus controlling its state.
Because the actuation is done hy analo~ control param-
eters, the output of the di~ital computf>r mu~t he con-
"erled into analog form by a di~dtal-to-analog converter.
Such a closed loop ft>crlback control system is shown in
Fi!, l.

Interfacing by analog·to·digital IA·D I and digital-to-
analog (D-A) converters performs a vital role. At the

present time. it is estimated that at least 15C{ of all
microcomputers function in such control and measure-
ment applications where data converters are required;
this percentage is expected to grow to about 40;;' within
a few years. For the designer of such computer con-
trolled systems, it is fortunate that a broad choice of
data converters exists. In fact. a virtual supermarket
of A·D and D-A converters of all prices, sizes, and per-
formance specifications is available. This spectrum of
converters encompasses those from simple 8·bit mono-
lithic devices costing a fe\\ dollars, through better per-
forming hybrid devices wilh higher resolution, to higher
('ost discrete module converters with the best performance
rharacteristics.

Design selection involves not only price and size, but
also many facets of performance: resolution, linearity,
temperature coeRicient, speed, alld various self-contained
options. In the realm of A-D converters (ADCS "I, there
is also the choke beh\ een basic cOI1\·ersion methods,
such as successive approximation, dual-slope integrating,
ancl parallel lor flash I techniques. Furthermore, there
e:\ist~ a choice between three competing technologie:-:
monolithic, hybrid, and modular, each with its own
specific advantages. Since A-D and D-A converters are
hasically analog circuits that have digital inputs or out-
puts, the computer systems engineer who may be mostly
familiar with digital techniques must become familiar
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Fig 2 Ideal DAC transfer function.
This I/O graph is shown for 3-bit DAC
which has one-to-one correspondence
between input and output

Fig 3 Ideal ADe transfer function.
110 graph illuslrates 3-bit ADC which
has quantized characteristic

Fig 1 Computer controlled feedback control
system. Computer closes loop around process
to control its state. However I two Interfaces
are required: A-D converter and O·A con-
verter

with the many analog specifications describing data
converter performance in order to choose the correct con-
verter for a specific requirement.

Fig 2 shows the transfer function of an ideal 3·bit D·A

converter (OAC). This converter is assumed to be of the
parallel type, as are virtually all DACS in use today. A
parallel OAC responds simultaneously to all digital input
lines whereas a serial OAC responds sequentially to each
digital input. The transfer function representing a 3-bit
OAC is a discontinuous function; its analog output voltage
or current changes only in discrete analog steps, or
quanta, rather than continuously. However, a one·to-one
correspondence exist.s between the binary input code and
the analog output value. For each input code there is
one, and only one, possib!e output value. Analog step
magnitude, or quantum, is shown as Q.

The horizontal axis is the input binary code, in this
case a 3·bit code, increasing from 000 to 111. The num·
ber of output states, or quanta, is 211, where n is the
number of bits in the code. For a 3-bit DAC, the number
of states is 23 or 8; for a 12-bit OAC, the number of states
is 2" or 4096.

Fig 3 illustrate, the tl ansfel' function for an ideal 3·bit
ADC. This transfer function is also discontinuous but
without the one-to-one correspondence between input and
output. An ADC produces a quantized output from a con-
tinuously variable analog input. Therefore, each output
code word corresponds to a small range (Q) of analog
input values. The ADC also has 2" output states and
2" - 1 transition points between states: Q is the analog
difl'elellce bet~'een these transition points.

For both ADCS, Q represenls the smallesl analog dif·
ference that the cOln-erler can resolve. Thus, it is the
resolution of the con"erter explessed in analog units.
Resolution for an A·D or D·A converter, however, is com-
monly expressed in bits, since this defines the number of
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Resolution States Binary Weight Qlor
(n) (2") (2-") 10V FS-----

4 16 0.0625 0.625 V
6 64 0.0156 0.156 V
8 256 0.00391 39.1 mV

10 1024 0.000977 9.76 mV
12 4096 0.000244 2.44 mV
14 16384 0.0000610 610 ~V
16 65536 0.0000153 153 ~V

SIN Ratio Dynamic Max Output for
(dB) Range (dB) 10 V FS (V)

34.9 24.1 9.3750
46.9 36.1 9.8440
58.9 48.2 9.9609
71.0 60.2 9.9902
83.0 72.2 9.9976
95.1 84.3 9.9994

107.1 96.3 9.9998

states of the converter. A converter with a resolution of
12 bits, then, ideally resolves 1 part in 4Q96 of it,
analog range.

For an ideal ADC or DAC, Q has the same value any.
where along the transfer function. This value is Q =
FSR/2rt

, where FSR is the converter's full·scale range-the
difference between the maximum and minimum analog
values. For example, if a converter has a unipolar range
of 0 to 10 V or a bipolar range of -5 to 5 V, FSR in
both cases is 10 V. Q is also referred to as one least
significant bit (LSB), since it represents the smallest code
change the converter can produce, with the last bit in
the code changing from 0 to 1 or 1 to 0_

Notice in the transfer functions of both A-D and D-A

converters that the output never reaches full stale. This
results because full scale is a nominal value that remains
the same regardless of the resolution of the converter.
For example, assume that a DAC has an output range of
o to 10 V; then 10 V is nominal full seale_ If the con-
verter has an 8-bit resolution, its maximum output is
255/256 x 10 V = 9.961 V. If the converter has 12-bit
resolution, its maximum output voltage is 4095/4096 x
10 V = 9.9976 V.

In both cases, maximum output is one bit less than
indicated by the nominal full-scale voltage. This is true
because analog zero is one of the 211 converter states;
therefoce, there are only 211 - 1 steps above zero for
either an A-D or D-A converter. To actually reach full scale
would require 211 + 1 states, necessitating an additional
coding bit. For simplicity and convenience then, data
converters always have the analog range defined as
nominal full scale rather than actual full scale for the
particular resolution implemented.

In the transfer functions of Figs 2 and 3, a straight
line is passed through the output values in the case of the
DAC and through the code center points in the case of
the ADC. For the ideal converter, this line passes pre-
cisely through zero and full scale. Table 1 summarizes
the characteristics of the ideal A-D or D-A converter for
the most commonly applied resolutions.

9uanfization Noise and
Dynamic: RanCJe

Even an ideal A-D or D-A converter has an irreducible
error, which is Quantization uncertainty or Quantization
noise. Since a data converter cannot distinguish 8n

analog difference less than Q, its output at any point
may be in error by as much as ±Q/2_

Fig 4(a) shows an ideal ADC and an ideal DAC that
digitize and then reconstruct an analog slow-voltage ramp
signal. The ADC and output register are both triggered
together so that the DAC is updated in synchronism with
the A-D conversions. The DAC output ramp is identical
with the analog input ramp except for the discrete steps
in its output (not counting time delay). If the output
ramp is subtracted from the input ramp as shown, the
difference is the quantization noise-a natural result of
the conversion process. This noise [Fig 4(b)] is simply
the difference between the transfer function and the
straight line shown in Fig 3. Quantization noise from
an ideal conversion is therefore a triangular waveform
with a peak-to-peak value of Q.

As with most noise sources, the average value is zero,
but the rms value is determined from the triangular
shape to be En (rms) ~ Q/VI2. Thus, a data conversion
system can be thought of as a simple signal processor
that adds noise to the original signal by virtue of the
Quantization process. Since this noise is an inherent part
of the conversion process, it cannot be eliminated ex-
cept with a converter of infinite resolution. The best
that can be done, even with ideal converters, is to reduce
it to a level consistent with desired system accuracy_
This is done by using a converter with sufficiently high
resolution.

In many computerized signal processing applications,
it is necessary to determine the signal-to-noise (sIN)
ratio, which is a power ratio expressed in decibels. It can
be found from the ratio of peak-to-peak signal to rms
noise as follows.
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Fig 5 Errors in nonideal A-O converters.
Transfer functions are shown for ADCs
with offset error (a), gain error (b), and
linearity error (c). ADC with all three
errors present will have quantization er-
ror as shown in (d)

Fig 4 Signal digitization and reconstrllc-
tion (a) and quantization noise (b). Quan-
tization noise is shown as difference be-
tween input and output for ideal data con-
version system

[ 2"Q J' -
SiN Ratio (dB) = 10 log Qi\/i'2 = 20 log 2" + 20 log yl2

= 6.02n + 10.8 (J)

The siN ratio increases by a factor of about 6 dB for
each additional bit of resolution,

Dynamic range of a data converter, another useful
term, is found from the ratio of FSR to Q. This ratio is
the same as the number of converter states.

Dynamic Range (dB) = 20 101 2n = 20n log 2 = 6.02n (2)

Therefore, simply multiplying the number of bits of
resolution by 6 dB gives the dynamic range, siN ratio
and dynamic range are summarized for the most popular
resolutions in Table 1.

Real A-D and D-.o\. .converters exhibit a number of de-
partures from the ideal transfer functions just described.
These departures include offset, gain, and linearity errors
(Fig 5), all of which appear simultaneously in any
given data converter. In addition. the errors change with
both time and temperature. In Fig 5 (a), the ADC trans-
fer function is shifted to the right from the ideal func.
tion. This offset error is defined as the analog value by
which the transfer function fails to pass through zero;
it is generally specified in millivolts or in percent of
full scale.

In Fig 5(b), the converter transfer function has a
slope difference from the ideal function. This gain. or
scale factor, error is defined as the difference in full-
scale values between the ideal and actual transfer func-
tions when the offset error is zero; gain error is ex-
pressed in percent.

An ADC transfer function in Fig S(c) exhibits linearity
error, a curvature from the ideal straight line, Linearity
error, or nonlinearity, is the maximum deviation of the
transfer function from a straight line drawn between zero
and full scale; it is expressed in percent or in LSBS (such
as ±V2 LSD), Fig S(d) shows the total error of a nonideal
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Fig 6 Comparison of linearity error de-
finitions. Curves illustrate end-point and
best-fit definitions of linearity error in an
ADC
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Fig 7 Definition of differential lin-
earity error. This transfer function il-
lustrates ±V2 LSB differential linearity
errors. Differential linearity error of
zero means that every step in transfer
function has size of precisely Q

ADC, which contains offset, gain, nonlinearity, and quan.
tization errors. Compare this curve with that of Fig 4th).

Fortunately, most A·D and D·A converters on the market
today have provision for trimming out the initial offset
and gain errors. By means of two simple external po-
tentiometer adjustments, the offset and gain errors can
be virtually reduced to zero or within the limits of
measurement accuracy. Then, only the linearity error
remains.

Linearity error is the most difficult error to deal with
since it cannot be eliminated by adjustment. Like quan-
tization error, it is an irreducible error. Basically, there
are just two methods to reduce linearity error, both of
which are expensive: either use a higher quality con-
yerter with better linearity, or perform a digital error
correction routine on the data using a computer. The
latter, of course, may not be feasible in many applica-
tions. There is some merit in using a more expensive
converter, however. For example, suppose that an ultra-
linear 8-bit ADCis required. Most good quality cortverters
have iinearity 'errors specified to less than ±V:! LSB. If
a more expensive 12-bit ADC is employed with only 8
output bits used, then its linearity error of ±Y2 LSB out of
12 bits is the same as ±%~ LSB out of 8 bits. This con-
verter, therefore, becomes an ultralinear i-bit ADC and
probably at not too great an additional cost.

Actually, two types of linearity errors existing in
A-O and D-A converters are integral linearity error and
differential linearity error. Integral linearity error in
Fig 51 c) is due to the curvature of the transfer function,
resulting in departure from the ideal straight line. The
definition given for integral linearity error as the maxi-
mum deviation of the transfer function from a straight
line between zero and full scale is a conservative one
used by most data converter manufacturers. It is an
"end·point" definition, as contrasted with the normal
definition of linearity error as the maximum deviation
from the "best-fit" straight line.

Since determining the best· fit straight line for data
converters can he a tedious process when calibrating
the device, most manufacturers have opted for the more
conservative definition. This means that the converter
must be aligned accurately at zero and at full scale to
realize the specified linearity. The end-point definition
can mean a linearity that is twice as good as a best-fit
definition, as illustrated in Fig 6. Notice that the curva-
ture may be twice as great with the best-fit straight line
definition.

Differential linearity error is the amount of deviation
of any quantum from its ideal value. In other ,••'ords, it
is the deviation in the analog difference between two
adjacent codes from the ideal value of FSR/2". If a data
converter has ±V:! LSB maximum differentiar linearity
error, then the actual size of any quantum in its transfer
function is between 1/2 LSB and 1V2 LSB; each analog
step is 1 ±% LSB. Fig 7 ilIu,trates the definition. The
first two steps shown are the ideal value Q = FSR/2n

•

The next step is only %Q, and above this is 1%Q. These
two steps are at the limit of the specification of ± V:! LSD

maximum differential linearity error. Most data convert-
ers today are specified in terms of both integral and
differential linearity error. In production testing of data
con\'erters, quanta sizes are measured over the converter's
full-scale range.

T\\o other important terms are commonly used in
(;onj unction with the differential linearity error specifica-
tion. The first is monotonicity, which applies to OACs.
A monotonic DAChas an analog output that is a contin-
uously increasing function of the input. The DACtransfer
function shown in Fig 8( a) is monotonic even though
it has a large differential linearity error. The transfer



Fig 8 Monotonic (a) and
nonmonotonlc (b) DAC out-
puts. Monotonicity means out-
put is continuously increasing
function of input

function of Fig 8(b), on the other hand, is nonmono-
tonic since the output actually decreases at one point.
In terms of differential linearity error, a DACmay go
nonmonotonic if the differential linearity error is great-
er than ±1 LSD at some point; if the differential linearity
error is less than ± 1 LSD, it assures that the output is
monotonic.

The term missing, or skipped, code applies to ADr.s.
When the diffetential linearity error of an ADCis greater
than ± 1 LSB, the output may have a missing code; if
the differential linearity error is less than ±1 LSB, it
assures that there are no missing codes. Fig 9 (a) shows
the transfer function of an ADCwith a large differential
linearity error but with no missing codes. In Fig 9(b),
however, the differential linearity error causes a code to
be skipped in the output.

For ADCs, the linearity characteristic depends on the
technique of A-D conversion used; each converter type
exhibits its own specific nonlinearity characteristic. Fig
10 illustrates the nonlinearity characteristics of the two
most popular types of ADCs: successive approximation
and dual-slope integrating. With the successive approxi-
mation ADC,and also with other feedback type ADCsthat
use a parallel input DACin the feedback loop, differential
linearity error is the dominant type of nonlinearity. This
is due to the parallel input DAC,which is made up of

},FS IFS 'I,FS FS
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Fig 9 No missing code (a)
and missing code (b) in ADC
output. Differential linearity
error of Jess than :::t1 LSB as-
sures that there are no miss-
ing codes in transfer function

weighted current sources. The worst differential linearity
errors occur at the major code transitions, such as 1.4,
lf2, and *' scale. If these differential linearity errors are
small, then the integral linearity error will also be small.

The difficulty at the major transition points is that, for
example, the most significant bit current source is turn-
ing on while all other current sources are turning off.
This subtraction of currents must be accurate to ±lh LSD

and is a severe constraint in high resolution DACs.This
means that the weighted current sources must be precisely
trimmed in manufacturing. The most difficult transition
is at l/2 scale, where all bits change state (eg, for an
8-bit converter, 01111111 to 10000000), and the worst
differential linearity error generally occurs here.

The next most difficult transitions occur at 1/.1 scale and
% scale, where all but one of the bits change state (eg,
for an 8·bit converter, 00111111 to 01000000 and
10111111 to 11000000, respectively). Relatively smaller
differential linearity errors may also occur at the 1,'8, :y~,
%, and }'K scale transitions, and so on. Fig 10(a) shows
a successive approximation ADCtransfer function, illus-
trating exaggerated differential linearity errors at Ih.
Y2, and 3,4 scale. If these errors are properly trimmed
out in manufacturing, then both differential and integral
linearity errors will be less than ± lf2 LSB.
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Fig. lO(b) shows a dual-slope integrating ADC transfer

function. In this case, the predominant nonlinearity is
the integral linearity error; differential linearity error
is almost nonexistent in integrating type ADCS, which
also includes charge balancing ADCS. The curvature of
the transfer function is caused by a non ideal integrator
circuit. Differential linearity is determined by the time
between clock pulses in the converter, and this is constant
within any conversion cycle.

Temperature Induced
Errors

Ambient temperature changes cause varIations in offset,
gain, and linearity errors. If a converter is operated at a
constant temperature within its specified operating tem-
perature range, offset and gain errors can be zeroed by
external adjustment at that temperature. But if the con·
verter must operate with changing ambient temperature,
then the problem becomes acute.

Offset change with temperature is generally specified
in microvolts per degree Celsius, or in parts per million
of full scale per degree Celsius. Cain temperature co-
efficient is specified in parts per million per degree Cel.

Fig 10 Linearity characteristic of successive
approximation (a) and dual slope integrating
(b) ADCs. Transfer function of successive
approximation converter exhibits mostly dif-
ferential linearity error while that of integrat-
ing converter shows mostly integral linearity
error

sius, and linearity error change with temperature is ex-
pressed in parts per million of full scale per degree
Celsius.

Effective aproaches to mlnImlzmg gain and offset
changes with temperature are available. If a converter
operates most of the time at a given temperature, then
its offset and gain should be zeroed at that temperature.
If, however, the ambient temperature varies between two
temperatures, the converter should be calibrated midway
between those two temperatures. Another approach to
minimizing changes with temperature is to use a con·
verter with a low temperature coefficient to meet the
desired specification. Data converters with low tempera-
ture coefficients are, of course, more expensive, but this
may be the most economical solution to the problem
when all design factors are considered. Another method
of minimizing gain error is based on the fact that many
data converters with internal references have provision
for connecting an external reference. In such a case, it is
possible to connect a lower temperature coefficient ex-
ternal reference to the converter. This can be particularly
effective where a number of converters are used together
and one reference is used for all of them.

Linearity error temperature coefficient is the most
troublesome specification, since it resists correction. In
many applications, it is desired that the converter be



monotonic, or have no miSSIng codes, over the desired
operating temperature range. From the converter differ-
ential linearity temperature coefficient, it is useful to
determine the temperature range over which the con-
verter will have guaranteed monotonicity or no missing
codes. Using a conservative approach, it is assumed that
the converter has a maximum initial differential linearity
error of ±¥2 LSD. Then, if the differential linearity error
changes by not more than an additional II:! LSD, a DAC

will remain monotonic and an ADC will have no missing
codes.

With a 12·bit AOC for example, 'h LSB is equal to 120
ppm. If the operating temperature range is 0 to 70°C and
the converter is calibrated at 25 °C, the maximum tem-
perature change is 70 °e - 25 °e, or 45°C- To guar·
antee no missing codes, the differential linearity temper-
ature coefficient must be 120 ppmj45 °e = 2.7 ppmjOe
oJ full scale, maximum. An even lower differential linear-
ity temperature coefficient is required to assure no missing
codes if the operating temperature range is the full -55
°C to 125 °C military range. Performing a similar com-
putation gives 120 ppmj100 °e = 1-2 ppmjOe of full
scale, maximum, for the differential linearity temperature
coefficient.

Gain temperature coefficient is commonly specified by
the butterfly limits shown in Fig n. All the lines pass
through zero at 25 °C, where it is assumed that the
initial measuTt ment is made. The graph of Fig 11 shows
the maximum gain temperature coefficient required for a
±l LSD gain error for a 12-bit A-D or D-A converter
over three different temperature ranges. Observe that the

Fig 11 Butterfly gain tempco
characteristic for 12-bit ADC
with ::t1 LSB maximum gain er-
ror. Converter is calibrated for
zero gain error at 25 °C. Limits
shown are for ::t1 LSB error
out of 12 bits over designated
temperature range

gain deviation curve must be within the bounds shown to
meet the specification of ± 1 LSD maximum change. The
dolled curve shows an actual converter gain deviation
that would qualify as a gain temperature coefficient of
±2.4 ppmjOe over the -55 to 125 °e operating tempera·
ture range. This represents a very low temperature co-
efficient for an actual converter since most available de-
vices fall in the range of 5 to 50 ppmjOc.

A common mistake in specifying data converters is to
assume that the relative accuracy of a converter is de-
termined only by the number of resolution bits. In fact,
achievable relative accuracy is likely to be far different
from the implied resolution, depending on the converter
specifications and operating conditions. This simply
means that the last few resolution bits may be meaning-
less in terms of realizable accuracy.

The best way to attack this design problem is with a
systematic error budget. An error budget partitions all
possible errors by source to arrive at a total error. [n a
given system, this must be done not only for the A-D or
D-A converter, but also for the other circuits, such as
transducer, amplifier, analog multiplexer, and sample
and hold.

As an example, using the accuracy specifications for a
typical 12·bit ADC (Table 2), an error budget can be
determined based on the following assumptions: operat-
ing temperature range of 0 °C to 50°C, maximum
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Value

12 Bits
=V2 LSB max
±2 ppml" C of FSR max
±20 ppm/·C max
±5 ppm/·C of FSR max
0.002%/%

Resolution
Differential Linearity Error
Differential Linearity Tempeo
Gain Tampeo
Offset Tampeo
Power Supply Sensitivity

TABLE 3

Error Budget for 12-Bit ADC

Specification

Quantization Error (=Y2 LSB)
Differential Linearity Error (±Y2 LSB)
Differential Linearity Error over Temp (2 ppm/oC x 25)
Gain Change over Temp (20 ppm'oC x 25)
Zero Change over Temp (5 ppm/·C x 25)
Change with Power Supply (1 x 0.002%)
Long Term Change

Total Error, Worst Case
Total Statistical (rms) Error

Error (%)

0.012
0.012
0.005
0.05
0.0125
0.002
0.02

0.1135
0.0581

power supply voltage change of 1% with time and tem-
perature, and maximum converter change of 0.02 ~
with time. Table 3 shows the resulting error budget with
a total worst case error of 0.1135%. It is improbable
that the errors wilt all add in one direction. Statistical
(rmsl addition of the errors yields a lower value of
0.0581 %; this, on the other hand, may be too opti.
mistic since the number of error sources is small. At
any rate, the maximum error will be somewhere be·
tween 0.0581% and 0.1135%, a significant difference
from what might be assumed as a 12·bit or 0.024%
converter. The ideal relative accuracy has been de-
graded by one to two resolution bits.

In applying data converters, best results are achieved
by reading the data sheet carefully for accuracy specifica-
tions, computing total error by the error budget method,
and then carefully aligning and testing the converter in
its actual application.
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Compensate for temperature drift
in data-converter circuits

Data-converter circuits must operate in a nonideal world in which
temperature drift can reduce the efficacy of their design. Beating
the problem requires an understanding of drift components.

requires an undetstanding of the sources of
data·converter temperature drift.

Compensating for data-converter temperature
drift can be a complicated process, involving
(depending upon system needs and designer
expertise) one or more of the following:

Properly calibrating the chosen converter
Choosing a converter that best suits the
system's stability needs
Mounting the chosen converter in Il
temperature-regulated environment
Using a converter with provision for an
external reference
Controlling drift by means of external error
correction.

Whatever technique (or combination of tech-
niques) you use, though, its effective applicatioh

Where does the drift come from?
Although all data-conversion devices can oper-

ate over a defined range of ambient temperature,
as temperature varies within that range, the
elements of a device's accuracy-its offset, gain
and linearity-will change.

To compensate for this temperature drift, as
well as for drift occurring over time, most data
converters come with provisions for external
adjustment of offset and gain errors. In near-
constant temperature environments, though,
and for moderate-resolution devices, the drift
remains small. Thus, in such environments,
calibrating a converter for offset and gain at the

r------, r-------------------------~I I I I
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Matching analog components
improves temperature tracking

ambient operating temperature usually suffices.
For a 12-bit ADC or DAC with 20-ppmtC maxi-
mum gain drift, for example, the maximum gain
drift over ± 5°C is only ± 0.42 bit. (Converters with
14-bit (or greater) resolution, however, show
significant drift even for small temperature
changes.)

Consider a popular data-converter configura-
tior. (Fig 0, using a D/A converter employing
equal-value, switched pnp current sources. An
R/2R resistor ladder provides binary weighting,
and the servo loop of A, maintains constant
current through the transistors. In conjunction
with feedback resistor R•• the output amplifier
(A,) converts the output current into a voltage .

R" and the reference voltage provide a one-half
full-scale offset current for connection in the
bipolar mode.

Connecting the circuitry represented by the
dotted lines converts this circuit into a
successive-approximation AID converter, in
which a clock-controlled successive-
approximation register (SAR) in turn controls
the D/A converter, and A, is a comparator rather
than an op amp.

In both the D/A- and AID-circuit versions, this
circuitry's analog portion determines its temper-
ature drift. Modern data-converter designs
match discrete components in such a circuit to
cancel the drift errors and furnish stable opera-
tion over temperature. In hybrid-type D/A con-
verters, for example, identical R,s fabricated on
the same thin-film chip track each other closely.
Similary, the Rand 2R ladder resistors don't
influence temperature drift so long as they track

...
~:> 1000
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each other. The current sources vary in propor-
tion to the )'eference resistor R", but RF compen-
sates for this effect, tracking R" over changes in
temperature by altering the gain of A,. In bipolar
operation, R" must track R" for stable operation.
Other possible temperature-drift errors result
from the change in transistor beta and V"" but
the transistors, too, are matched for tracking.

Ideally, then, with perfect component tempera-
ture tracking, the circuit exhibits only three
sources of drift:

Offset-voltage drift caused by A;s input
drifts
Leakage-current change in the current
sources
Gain drift caused by the temperature coeffi-
cient of the voltage-reference source.

In practice, of course, component tracking is
not perfect, thereby adding to the drift problem;
in well-designed circuits, the resulting drift

DIFFERENTIAL
LINEARITY IN
FRACTIONS LSB
Tran 1= -0.3
Tran 2 = - 0.1
Tran 3= -0.1
Tran 4= -0.1
Tran 5= -0.0
Tran 6 = - 0.0
Tran 7 = - 0.0
Tran 8= -0.0
Tran 9 = 0.0
Tran10= 0.0
Tran 11 = - 0.0

Fig 5-U •• thl. gr.ph to determine the rsngtJ over which B
psr(;culaf converter remains monotonic. The mBthod as-
sumes an inWallinesrity error of ±: 1/2 LS8.

TABLE 1-SQURCES OF TEMPERATURE DRIFT FOR CIRCUIT OF FIG 1

SYMBOL SOURCE OF ORt FT

'0 OFFSET DRIFT DUE TO INPUT OFFSET VOL AGE AND_
INPUT OFFSET CURRENT DRIFT OF OUTPUT AMPLIFIER
Al AND LEAKAGE CURRENT DRIFT OF TRANSISTOR
CURRENT SOURCES

"0 OFFSET DRIFT DUE TO DIFFERENTIAL TEMPERATURE
TRACKING OF Ro AND Alii

" CIRCUIT GAIN DRIFT DUE TO DIFFERENTIAL TEMPER
ATURE TRACKING OF Rf" TRANSISTOR V.s.
TRANSISTOR BETAS AND INPUT OFFSET VOL lAGE
AND CURRENT DRIFT OF SERVO AMPLIFIER A,

'. GAIN DRIFT OF VOLTAGE REFERENCE CIRCUIT

d" GAIN DRIFT DUE TO DIFFERENTIAL TEMPERATURE
TRACKING OF RF AND RR

" GAIN DRIFT DUE TO DIFFERENTIAL TEMPERATURE
TRACKING OF RAND 2R RESISTORS IN LADDER
NETWORK

remains small but must nonetheless be account-
ed for. Component tracking is best when the
resistors have equal values (and identical geome-
tries) or are held to small resistance ratios.

Analyzing the drift
Table 1 describes the sources of temperature

drift for the circuit in Fig I, as well as delineating
the symbols referring to each drift component.
Table 2 groups these drift components according
to their contribution to + FS, - FS or zero
operating points.

Analyzing the circuit's unipolar operation is
simple. With an input code of 0000, all bits are
OFF, and the DAC output is zero. The only offset
drift, d,,, comprises the input-offset voltage, the
current drifts of A, and the leakage ~urrent of
the current sources. This last factor remains
negligible at room temperature but doubles with
each 10·C increase; it becomes significant at
approximately 100·C. The offset temperature
drift arising from do, shown in Fig 2a, shifts the
converter's entire transfer function up or down
with temperature. It affects all points on the
transfer function equally.

An input code of 1111 sets the DAC's output
bits ON, producing -FS output (-tOV in this
case). (For simillicity's sake, Fig 2a shows the
output inverted.) At this output level, several
sources of gain drift come into play. Although dR

furnishes the most significant contribution, d",
d",. and d

"
resulting from differential component

tracking errors, must also be dealt with. The gain
drift by itself rotates the transfer function
around the origin, as shown in Fig 2a.

To summarize: The unipolar mode has the least
drift at zero; it has the greatest drift at - FS.

Bipolar operation introduces additional drift
sources. With an input code of 1000, the converter
output is zero. Adjusting the current through Ro
during calibration precisely balances the offset
current and MSB source current to provide zero
output. Three sources of drift-do, dc, and dRo-

combine here to move the transfer function up or
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Linearity drift changes
transfer-function shape

down with temperature.
An input code of 1111 produces -FS (-5V)

output. Three new drift sources-d", d'l> and
d,-add to the three present at zero. Finally, an
input code of 0000 turns all bits OFF; the output
is then +5V or +FS. The only current into the
output-amplifier summing junction comes from
the reference through Ro. Now all drift sources
except d, and d, are present-all current sources
are OFF.

To summarize: In the bipolar mode, the least
drift occurs at zero output; the worst, when all
input bits are ON. When all bits are OFF, drift
lies uetween these extremes.

A l"(\mparisoll of the two modes of operation
shows that unipolar exhibits fewer drift sources
and that In either mode the least drift occurs at
zero output. Realil.e also that the largest source
of temperature drift in either mode comes from
the converter's reference.

Maintaining linearity can be difficult
Linearity drift (which changes the shape of the

converter's transfer function) is the most diffi-
cult drift component to handle. Fig 3a illustrates
the effect of this component on an integrating
AID con verter: Integral linearity-the maximum
deviatiun from an ideal straight line-is the

'6
CHANNEL
ANALOG
MULTI
PlEXER
MV 1606

predominant type of linearity error here. A
change in temperature increases the transfer
function's curvature.

In a successive-approximation AlP converter,
on the other hand, the predominant linearity-
error form is differential-linearity error. Illus-
trated in Fig 3b, this error is the analog size
difference between actual adjacent code transi-
tions and the ideal LSB size. Differential-
linearity drift occurs primarily at major code
transitions (one-half, one-quarter and three-
quarter scale), as shown in exaggerated form in
Fig 3b. This deviation increases with tempera-
ture change.

Determining an n-bit converter's worst-case
differential-linearity errors requires measuring
n-1 differences. The first measurement is the
difference between the most significant bit and
all other bits; the second measures the difference
between the MSB plus the second bit with all
other bits, and so on. Ideally, each measurement
produces a 1-LSB difference. The results of such
a test, performed at room temperature on l\
high-perfor"1ance 12-bit D/A converter, appear
in Fig 4. Repeating the measurements at the
operating-tpmperature extremes determines the
con verter's differential-linearity temperature
coefficient (DLTCl:

DLTC=.lDL/.lT
where .lDL is the worst-case change in differen-
tial linearity between the two temperatures and
.IT is the temperature difference.

The combination of DLTC and temperature

ADDRESS
DECODER

AND
CONTROL



TABLE 2-ERROR ANAL Y$IS OF TEMPERATURE·DRIFT SOURCES

OUTPUT
OPERATING MODE 'F, 0 F'
UNIPOLAR do Clo+ ClR+ (Ie

.• dRF+dl
BIPOLAR do· dRO" dR do. de do" de. dRO

• dRF -+dRO • dR" dRF+ dl

NOTE:
A CONVERTER WITH PNPCURRENT SOURCES (FIG l11S
A MODEL FOR A CONVERTER WITHNPNCURRENT SOURCES.
+FS AND FS ARE INTERCHANGED

change can, if large enough, cause a D/A conve,·t-
er's output to be non monotonic; an AID converter
c<J.n skip output codes when the circuit's
differential-linearity error exceeds 1 LSB.

To effectively use either an ADC or a DAC,
then, first establish the range over which the
DAC remains monotonic and the ADC produces
all output codes. Use of manufacturer-provided
DLTC specifications, combined with the initial
linearity error, can determine this range. Fig 5,
for example, assumes an initial differential-
linearity error of ±1/2 LSB at 25°C, correspond-
ing to most manufacturers' specifications. The
graph, therefore, shows the temperature change
required to produce the additional 1/2 LSB of
error that causes non monotonic operation or
missing codes.)

As an example, a 14-bit AID converter operat-
ing over a temperature range of ± lOoCon either
side of room temperature requires a DLTC less
than 3 ppm/"C, according to Fig 5.

Combating the drift
Understanding the foregoing explanation of

the sources of converter temperature drift per-
mits taking effective measures to deal with that
drift. Proper converter calibration is one impor-
tant tool in this task. Performing this calibration
at room temperature is unsatisfactory; a device
must be calibrated at the temperature at which it
will operate. Seem obvious? Possibly, but design-
ers often ignore this basic consideration.

The choice of converter can also make a
significant difference. In some applications,
monotonicity can prove more important than
gain or offset drift; in such cases, you should
choose the converter by DLTC, using Fig 5. While
converters with low TCs cost more than common,
low-cost devices, spending the additional money
can prove the most economical alternative in the
long run: Compare this extra cost with the
engineering effort required to provide accurate
compensation.

In critical applications, mounting a converter
in a temperature-regulated enclosure can prove
expedient. Then, heating the converter to a
controlled temperature above any ambient tem-

TABLE J DIFFERENTlAL·lINEARITY TEMPERATURE COEFFICIENTS
REQUIRED TO GUARANTEE MONOTONICITY OVER STANDARD RANGES

RESOLUTION OT070 C 25 TO .85 C 55 TO +125 C
,., 1>, , ,., H 60 .n .. 100

8 434 32.6 19.5
10 108 81 4.
12 2.7 20 12
14 0.68 051 0.31
16 017 0.13 0076

·.n REPRESENTS THE CHANGE FROM +25 C

perature it will experience can improve TC by a
factor of approximately 10 to 20. Although this
alternative can also be expensive, the results can
be remarkable. An ambient-temperature change
of 50°C, for example, could be effectively reduced
to 2.5°C.

A fourth effective tool for dealing with temper-
ature drifts requires the use of a converter with
provision for an external reference. Most con-
verters' internal references achieve TCs ranging
from ±20 to ±40 ppm/"C; more expensive refer-
ences can reach the ±0.5- to ± 10-ppm/"C range.

Finally, the most complex solution of all in-
volves providing external error correction. Fig 6
illustrates one such scheme, which requires use
of an expensive external precision reference. The
system converts 14 analog channels into digital
data; the 15th and 16th channels furnish offset
and gain correction, respectively. A voltage
divider sets channel 15 to + 1/16 FS (+0.0625V)
and channel t6to +15/16 FS(+9.375V)-full scale
equals 10V. (These voltages correspond to 12-bit
output codes of 0001 0000 0000 and 1111 0000
0000, respectively.)

Through use of a IJ-C,the system calibrates
itself near zero and then near full scale after
each scan of its 14 channels. It deals with the
offset first, in order to remove that error from
the gain calibration. With the correct output
codes for channels 15 and 16 stored in memory,
the IJ-Ccompares the actual converter output
with this correct code, outputting a digital word
to the register and 8-bit DAC, which in turn
corrects the gain or offset. This DAC connects to
the ADC's gain- and offset-calibration terminals
through resistors. Both 8-bit devices operate in
the bipolar mode and provide adjustment of
±0.2% FS. With 8-bit resolution, the range is
incremented into 256 steps of 0.0016% FS (0.065-
bit steps for a 12-bit converter).

The system can perform a complete correction
with every scan or once for every N scans,
because any temperature changes generally
occur slowly. Alternatively, each scan can result
in a small correction, amounting to one count out
of 256, thereby minimizing the time required for
calibration. After several initial scans, the con-
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A device with large DLTC and .:lT
can have a non monotonic output

verter is calibrated, and because the tempera-
ture changes slowly, this calibration technique
follows those changes from then on.

Such an external error-correction scheme pro-
vides extremely stable operation in systems with
a high-quality reference. But it corrects gain
and offset errors, not those affecting linearity.
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MSEE degrees from MIT,as
well as a BS in management
from the MIT Sloan School
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Integrating AID converters have two characteristics in
common. First, as the name implies, their output repre-
sents the integral or average of an input voltage over a
fixed period of time. Compared with techniques which
require that the input is "frozen" with a sample-and-hold,
the integrating converter will give repeatable results in the
presence of high frequency' noise. A second and equally
important characteristic is that they use time to quantise
the answer, resulting in extremely small nonlinearity
errors and no possibility of missing output codes.
Furthermore, the integrating converter has very good
rejection of frequencies whose periods are an integral
multiple of the measurement period. This feature can be
used to advantage in reducing line frequency noise, for
example, in laboratory instruments. (Fig. 1).

In addition, a competitive instrument-quality product
should have the following features:
1. Single Reference Voltage This IS strictly a

convenience to the user, but since many designs are
available with single references that contribute
negligible error, products requiring dual references
are rapidly becoming obsolete

2. Auto Zero. This eliminates one trim-pot and a trouble-
some calibration step. Furthermore. it allows the
manufacturer to use op-amps with up to 1OmVoffset
while still achieving system offsets of only a few
microvolts.

3. High Input Impedance. Recentlydeveloped monolithic
FET technology allows input Impedances of 1000
Mohm and leakages of a few pico amps to beachieved
fairly readily.

The unique characteristics of the integrating converter
have made it the natural choice for panel meters and
digital voltmeter applications. For this reason. overall

useage of integrating converters exceeds the combined
total of all other conversion methods. Furthermore, the
availability of low cost one and two chip converters will
encourage digitizing at the sensor in applications such as
process control. This represents a radical departure from
traditional data logging techniques which in the past have
relied heavily on the transmission of analog signals. The
availability of one chip microprocessor system (WithROM
and RAM on chip) will give a further boost to the
'conversion at the sensor' concept by facilitating local
data processing. Theadvantage of local processing is that
only essential data, such assignificant changes or danger
signals, will be transmitted to the central processor.

THE DUAL SLOPE TECHNIQUE - THEORY &
PRACTICE
The most popular integrating converter is the "dual-
slope" type, the basic operating principles of which will be
described briefly. However, most of the comments
relating to linearity, noise rejection, auto-zero capability,
etc., apply to the whole family of integrating designs
including charge balancing, triple ramps, and the 101
other techniques that have appeared in the literature. A
simplified dual slope converter is shown in Figure 2

The conversion takes place in three distinct phases
(Fig. 3).

-PHASE r...-----.-..--l-------..PHASEII-l---PHASE ill--

AUTO ZERO I SIGNAL I REfERENCE INTEGRATEI INTEGRATE I
I I
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Phase 1, Auto Zero: During auto zero, the errors in the
analog components (buffer offset voltages, etc.) will be
automatically nulled out by grounding the input and
closing a feedback loop such that error information is
stored on an "auto-zero" capacitor.

Phase 2, Signal Integrate: The input signal is integrated
for a fixed number of clock pulses. For a 3'h-digit
converter, 1,000pulses is the usual count; for a4'/,-digit
converter, 10,000 is typical. On completion of the
integration period, the voltage V in Fig. 3 is directly
proportional to the input signal.
Phase 3, Reference Integrate: At the beginning of this
phase, the integrator input is switched from VIN to
VREF. The polarity of the reference is determined
during Phase2 such that the integrator discharges back
towards zero. The number of clock pulses counted
between the beginning of this 'cycle and the time when
the integrator output passes through zero is a digital
measure of the magnitude of VIN'

The beauty of the dual slope technique is that the
theoretical accuracy depends only on the absolute value
of the reference and the equality of the individual clock
pulses within a given conversion cycle. The latter can
easily be held to 1 part in 10', so in practical terms the only
critical component is the reference. Changes in the value
of other components such as the integration capacitor or
the comparator input offset voltage have no effect,
provided they don't change during an individual
conversion cycle. This is in contrast to Successive
Approximation converters which rely on matching a
whole string of resistor values for quantisation.

In a very real sense the designer is presented with a near
perfect system; his job is to avoid introducing additional
error sources in turning this text-book circuit into a real
piece of hardware.
From the foregoing discussion, it might be assumed that
designing a high performance dual-slope converter is as
easy as falling off the proverbial log. This is not true,
however, because in a practical circuit a host of pitfalls
must be avoided. These include the non-ideal character-

istics of FET switches and capacitors, and the switching
delay in the zero crossing detector.

ANALYZING THE ERRORS
At this point it is instructive to perform a detailed error
analysis of a representative dual slope circuit. Intersi!'s
8052A/7103A pair. This is a 4'/,-digit design, where the
analog circuitry is on a JFET/bipolar chip (the 8052) and
the digital logic and switches on a MOS chip (7103A); the
partitioning is shown in Fig. 4. The error analysis which
follows relates to this specific pair - however, the
principles behind the analysis apply to most integrating
converters.

The analog section of the converter is shown in Fig. 5.
Typical values are shown for 120KHz clock and 3
measurements/second. Each measurement is divided
into three parts. In part 1, the auto-zero FET switches 1,2
and 3 are closed for 10,000 clock pulses. The reference
capacitor is charged toVREF and the auto-zero capacitor
is charged to the voltage that makes dV/dt of the
integrator equal to zero. In each instance the capacitors
are charged for 20 or more time-constants such that the
voltage across them is only limited by noise.

In the second phase, signal integrate, switches 1,2 and 3
are opened and switch 4 is closed for 10,000clock pulses.
The integrator capacitor will ramp up at a rate that is pro-
portional to V1N' In the final phase, de-integrate, switch 4
is opened and, depending on the polarity of the input
signal, switch 5 or6 is closed. In either casethe integrator
will ramp down at a rate that is proportional to VREF.The



amount of time. or number of clock pUlses, required to
bring the integrator back to its auto-zero value is 10,000
(V~~F)' Of course, this is a description of the "ideal" cycle.
Errors from this ideal cycle are caused by:

1. Capacitor droop due to leakage.
2. Capacitor voltage change due to charge "suck-out"

(the reverse of charge injection) when the switches
turn off.

3. Non-linearity of buffer and integrator.
4. High-frequen'cy limitations of buffer, integrator and

comparator.
5. Integrating capacitor non-linearity (dielectric

absorption).
6. Charge lost by CREF in charging Cstray'

Each of these errors will be analyzed for its error
contribution to the converter.

1. Capacitor droop due to leakage.
Typical leakage (lDoff) of the switches at normal
operating voltage is 1pA each and 2pA at each input of the
buffer and integrator op amps. In terms of offset voltage
caused by capacitor droop, the effect of the auto-zero and
reference capacitors is differential, i.e., there is no offset if
they droop an equal amount. A conservative typicai effect
of droop on offset would be 2pA discharging 1"F for 83
milliseconds (10,000clock periods), which amounts to an
averaged equivalent of .083" V referred to the input. The
effect of the droop on roil-over error (difference between
equal positive and negative voltages near full scale) is
slightly different. For a negative input voltage, switch 5 is
closed for the de-integrate cycle. Thus the reference
capacitor and auto-zero capacitor operate differentially
for the entire measurement cycle. For a positive voltage,
switch 6 is closed and the differential compensation of the
reference capacitor ,s lost during de-integrate. A typical
contribution to roll-over error is 3 pA discharging 1"F
capacitor for 166 milliseconds, equivalent to .249"V when
averaged. These numbers are certainly insignificant for
room temperature leakages but even at 100°C the contri-
butions should be only 15"V and 45 "V respectively. A
roll-over error of 45 "V is less than 0.5 counts on this
20,000 count instrument.

2. Charge "suck-out" when the switches turn-off.
There is no problem in charging the capacitors to the
correct value when the switches are on. The problem is
getting the switches off without changing this value. As
the gate is driven off, the gate-to-drain capacitance of the
switch injects a charge on the reference or auto-zero
capacitor, changing its value. The net charge injection of
switch 3 turning-off can be measured indirectly by noting
the offset resulting by using a .01"F auto-zero cap~citor
instead of 1.0" F. For this condition the offset is typically
250"V, and since the signal ramp is a straight line instead
of a parabola the main error is due to charge injection
rather than leakage. This gives a net injected charge of2.5
picocouloumbs or an equivalent Cgd ofO.16pF.The effect
of switches 1, 2, 4, 5 and 6 are more complicated since
they depend on timing and some switches are going on
while others are going off. A substitution of an .01" F
capacitor for reference capacitor gives less than 100"V
offset error. Thus, a conservative typical offset error for a
1.0"F capacitor is 2.5"V. There is no contribution to roll-
over error (independent of offset). Also this value does not
change significantly with temperature.

3. Non-linearity of buffer and Integrator.
In this converter,since the signal and referenceare injected
at the same point, the gain of the buffer and integrator are
not of first-order importance in determining accuracy. This
meansthat the buffer can havea very poor CMRR over the
input range and still contribute zero error as long as it is con-
stant, i.e., offset changes linearly with common mode volt-
age. The first error term is the non-linear component of
CMRR. Careful measurementof CMRR on 30 buffers indi-
cated roli-over errors from 5 to 30"V. The contribution of in-
tegrator non-linearity is less than 1"V in each case.

4. High frequency limitations of amplifiers.
For a zero input signal, the buffer output will switch from
zero to VREF (1.0 volt) in 0.5 "seconds with an
approximately linear response.The net result is to lose .25
"seconds of de-integrate period. For a 120KHzclock, this
is 3% of a clock pulse or 3 "V. This is not an offset error
since the delay is equal for both positive and negative
references. The net result is the converter would switch
from 0 to 1 at 97 "V instead of 100"V in the ideal case.
A much larger source of delay is the comparator which
contributes 3 "seconds. At first glance, this sounds
absolutely ridiculous compared to the few tens of nano-
seconds delay of modern IC comparators. However, they
are specified with 2 to 10 mV of overdrive. By the time the
8052A comparator gets 10 mV of overdrive, the integrator
will have been through zero-crossing for 20 clock pulses'
Actually, the comparator has a 300MHz gain-bandwidth
product which is comparable to the best IC's. The
problem is that it must operate on 30" V of overdrive
instead of 10 mY. Again, this delay causes no offset error
but means the converter switches from 0 to 1 at 60 "V,
from 1 to 2 at 160 "V. etc. Most users consider this
switching at approximately 'h LSB more desirable than
the "so-called Ideal" case of switching at 100"V. If it is
important that switching occur at 100"V, the comparator
delay may be compensated by including a small value
resistor (o<2011)in series with the integration capacitor.
(Further details of this technique are given on page 4
under the heading "Maximum Clock Frequency".)
The integrator time delay is less than 200 nsecond and
contributes no measureable error.

5. Integrating capacitor dielectric absorption.
Any integrating AID assumes that the voltage change
across the capacitor is exactly proportional to the integral
of the current into it. Actually, a very small percentage of
this charge is "used up" in rearranging charges within the
capacitor and does not appear as a voltage across the
capacitor. This is dielectric absorption. Probably the most
accurate means of measuring dielectric absorption is to
use it in a dual-slope AID converter with VIN =VREF. In
this mode, the instrument should read 1.0000
independent of other component values. In very careful
measurements where zero-crossings were observed in
order to extrapolate a fifth digit and all delay errors were
calculated out, polypropylene capacitors gave the best
results. Their equivalent readings were 0.99998. In the
same test polycarbonate capacitors typically read0.9992,
polystrene 0.9997. Thus, polypropylene is an excellent
choice since they are not expensive and their increased
temperature coefficient is of no consequence in this
circuit. The dielectric absorption of the reference and
auto-zero capacitors are only important at power-on or
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when the circuit is recovering from an overload. Thus,
smaller or cheaper capacitors can be used if very accurate
readings are not required for the first few seconds of
recovery.

6. Charge lost by CREF in charging Cstray'

In addition to leakage and switching charge injection. the
reference capacitor has a third method of losing charge
and. therefore. voltage. It must charge Cst ray as it swings
from 0 to VIN to VREF. (Figure 5). However. Cstray only
causes an error for positive inputs. To see why. let's look
firstly at the sequence of events which occurs for negative
inputs. During auto-zero CREF and Cstray are both
charged through the switches. When the negative signal
is applied. CREF and Cstray are in series and act as a
capacitance divider. For Cstray = 15 pf. the divider ratio is
0.999985. When the positIve reference is applied through
switch #5. the same divider operates. As mentioned
previously, a constant gain network contributes no error
and, thus, negative Inputs are measured exactly.

For positive inputs. the divider operates as before when
switching from auto-zero to VIN. but the negative
reference is applied by closing switch #6. The reference
capacitor is not used, and therefore the equivalent divider
network is 1.0000 instead of .999985. At full scale. this 15
I'V/V error gives a 30l'V rollover error with the negative
reading being.30l'V too low. Of course for smalierCstray'
the error is proportionally less.

Summary.

Error analysis of the circuit using typical values shows
four types of errors. They are (1) an offset error of 2.51'V
due to charge injection. (2) a full scale rollover error of 30
I'V due to Cstray. (3) a full scale rollover error of 5 t030l'V
due to buffer non-linearity and (4) a delay error of 40I'V
for the first count. These numbers are in good agreement
with actual results observed for the 8052A171 03A. Due to
peak-to-peak noise of 20 I'V around zero. it is possible
only to say that any offsets are less than lOI'V. Also. the
observed rollover error is typically 'h count (50I'V) with
the negative reading larger Than the positive. Finally. the
transition from a reading of 0000 to 0001 occurs at 501'V.

These figures illustrate the very high performance which
can be expected from a well designed dual-slope circuit-
performance figures which can be achieved with no tricky
'tweaking' of component values. Furthermore, the circuit
includes desirable convenience features such as auto-
zero. auto-polarity and a single reference.

MAXIMUM CLOCK FREQUENCY
Because of the 31' S delay in the 8052 comparator. the
maximum recommended clock frequency is 160KHz. In
the error analysis it was shown that under these
conditions half of the first reference integrate period is
lost In delay. This means that the meter reading will
change from 0 to 1 at 50I'V. from 1 to 2 at 150I'V. etc. As
was noted earlier, most users consider this transition at
midpoint to be desirable. However. if the clock frequency
is increased appreciably above 160KHz. the instrument
will flash 1 on noise peaks even when the input is shorted.

The clock frequency may be extended above 160KHz.
however, by using a low value resistor in series with the
integration capacitor. The effect of the resistor is to
introduce a small pedestal voltage on to the integrator
output at the beginning of the reference integrate phase
(Fig. 6). By careful selection of the ratio between this

lb) COMPENSATED

Figure 6: Integrator and comparator outputs lor uncompensated (a) and
compensated (b) system

resistor and the integrating resistor (a few tens of ohms in
the r",.commended circuit). the comparator delay can be
compensated and the maximum clock frequency
extended by approximately a factor of 3. At higher
frequencies, ringing and second order breaks will cause
significant non-Iinearities in the first few counts of the
instrument.

NOISE
The peak-to-peak noise around zero is approximately 20
I'V (pk-to-pk value not exceeded 95% of the time). Near
full scale. this value increases to approximately 40I'V'

Since much of the noise originates in the auto-zero loop.
some improvement in noise can be achieved by putting
gain in the buffer. Pin 10 of the 8052 brings out the
inverting input. so this is easily done. A gain of about 5X is
optimum. Too much gain will cause the auto-zero switch
to misbehave. because the amplified Vos of the buffer will
exceed the switch operating range.

A low-noise version of the analog chip (8052-LN). using
Bilet technology. should reduce the noise to aboul31'V
pk-to-pk and even less with some gain in the buffer.

APPLICATIONS CIRCUITS
Individual applications circuits are given in the product
data sheets. For reference. they are summarized below:

8052/8053 Dala Sheet
General circuit for DVM family
16 Bit binary converter
4'11, Digit DVM
4'h Digit DVM (parallel BCD)
41""Digit DVM (multiplexed display)

8052fl101 Data Sheet
3'. Dig.t LCD DPM/DVM
31hDigit parallel BCD data acquisition system

8052/7103 Dala Sheet
41h Digit NO Converter
Simple 7103 to UART Interface
Complex 7103 to UART Interface
IM6100 Microprocessor to 7103 Interlace
M6800 Microprocessor to 7103 Interface
Intel 8080 Microprocessor to 7103 Interface



The first data conversion circuits made their debut over 20
years ago. Early devices, while achieving respectable per-
formance even by today's standards, were quite bulky and
expensive. And of course vacuum tubes were the active cir-
cuit elements. The development of the diffused planar tran-
sistor set the stage for the emergence of sol id state data
converters which quickly evolved into the form of compact
modules. These modules were alone in the market for many
years until in the late 1960's when the first hybrid and mono-
lithic devices were developed. These early microelectronic
devices, while leaving much to be desired in performance,
nevertheless represented an important change.

The first hybrid data converters were 8 bit thick film D/A
converters which were soon followed by 8 bit thin film
devices. The first monolithic data converter was the MA722
circuit, a 10 bit D/A converter building block, introduced in
1968. The circuit consisted of a zener reference, 10 switched
current sources, and a reference control amplifier but re·
quired an external resistor network. This device exhibited
a 600 nsec. switching speed, and had 8 bit accuracy over a
temperature range of 0 to 55C.

QUAD CURRENT SWITCHES
The first "quad current switches" were introduced two years
after the MA722 and were an excellent conceptual and tech-
nical approach to a practical data converter building block
circuit in monolithic form. These devices are now available
in several circuit variations from different manufacturers
and are used extensively in hybrid data converters. The
basic circuit concept is illustrated in Figure 1.

There are four NPN current source transistors and a ref-
erence transistor as shown in the diagram. The bases are all
connected to a common line, and the reference transistor
together with an operational amplifier form a reference con-
trol circuit which biases all of the current sources. A pre-
cision, trimmed resistor network is used to set the curn~nts
In the sources in the binary ratios of I, 21, 41, and 81. To

achieve optimum tracking with temperature, the transistors
are diffused with emitter areas in the binary ratios 1,2,4,
8, resulting in identical current density in each transistor.
The transistors, therefore, have very closely matched base
emitter voltage drops, and these voltages track each other
with temperature change. The transistors also have
matched betas with the base currents, therefore, also track-
ing each other.

In addition to the transistor matching which gives tight
tracking characteristics, the stability of the circuit is also
determined by the resistor network. This external network
is generally a stable thin film nichrome device which has
excellent absolute stability and tracking characteristics.

The current source collectors all connect to a common line
which is the output current of the 4-bit device. Several quad
current switches may be used together to achieve higher
resolution. Each current source is switched on and off by
current mode switching as shown in the current switching
cell of Figure 2. When the digital output is low, current is
sinked from the input diode which turns Q2 off and the cur-
rent source Ql on.

This particular circuit configuration gives standard TIL in·
put voltage levels and results in a 40 nsec. switching time
with a current output settling time of about 200 nsec. to
0.01%.

HYBRID D/A CONVERTERS
High performance 12 bit D/A converters are made possible
by combining quad current switches with a precision zener
reference, reference control amplifier, a thin·film resistor
network, and a fast output operational amplifier as shown
in Figure 3.

Three quad current switches are used with a current divid-
ing resistor network at the outputs of two of the quads.
With respect to QCS no. 1 output, QCS no. 2 output is
divided down by a factor of 16 and QCS output no. 3 IS di-
vided down by a factor of 256. Due to the excellent accuracy
characteristics of the quad current switches, resolutions of
12 bits and higher may be realized in this manner.

The output amplifier is a fast monolithic op amp which
operates as a current to voltage converter from the current
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outputs of the quad switches. The reference control ampli-
fier is connected differently from the one shown in Figure
1. By having the control amplifier drive the negative raIl of
the current sources, better immunity against negative sup-
ply voltage variations is achieved while not affecting the Tll
input logic levels.

The circuit of Figure 3 is the basic design for Datel Sys-
tems' DAC-HZ12B series of high performance 12 bit D/A
converters. Because of the quad current switch circuit con-
figuration the input coding for this device is complementary
binary, i,e., all zero's on the inputs produce a full scale
output voltage and all one's produce zero output voltage.
This coding can be changed to straight binary by using ex-
ternal digital Inverters. In the case of the DAC-HK12B
series D/A converters an internal level-controlled storage
register is provided for storing a digital input word, and an
inversion is done in the register to give straight binary
coding.

By adding a fourth quad current switch to the circuit shown
in Figure 3, additional resolutions of 13 to 16 bits can be
attained. True 16 bit linearity is generally not possible,
however, but a more practical specification of 16 bit resolu~
tion with 14 bit linearity is achievable over a reasonable
temperature range. This performance is realized by Datel
Systems model DAC-HPl6B which has a companion model
DAC-HPl6D for 4 digit BCD applications.

An important feature designed into 12 bit hybrid D/A con-
verters is the useful pin-programmable voltage output rang-
ing. This is done, as shown in Figure 3, by providing a tapped
feedback resistor for use with the output amplifier. The
feedback resistor can thus be connected as R, 2R, or R/2
to give three possible voltage ranges. Another resistor is
provided in series with the reference to permit offsetting
the analog output by one half scale for bipolar operation.
The final result of this is five useful output voltage ranges:
a to +5V, a to + lOV, ±2.5V, ±5V, and ± 10V, all by simple
pin connection.

Two of the primary advantages of the new hybrid D/A con-
verters are their completeness (requiring no extra compo-
nents for operation) and their operating flexibility, both at
relatively low cost.

THIN FILM RESISTOR NETWORKS
Modern, low cost hybrid D/A converter designs are based
on two premises: a standard circuit design with relatively
few circuit components, and high volume production. The
quad current switches significantly reduce the number of
active circuit components required. In a similar manner
thin-film resistor networks greatly reduce the number of
passive circuit elements. The thin-film resistors are also an

important factor in determining the converter absolute
temperature stability, tracking stability, and long term sta-
bility. When properly fabricated, these resistors result in
excellent stability. surpassing that achievable in all but the
most expensive discrete component converters.

The fabrication of good quality thin film resistors is ;rprocess
involving many important operations. The following manu-
facturing steps are based Datel Systems' electron beam
evaporation technique of making nickel-chromium thin-film
resistor networks:

1. Oxidation of silicon substrate to form dielectric layer.
2. Deposition of nichrome thin film « 100A) by electron

beam evaporation.
3. Evaporation of barrier layer of nickel onto nichrome

film.
4. Photolithographic definition and gold plating of con-

ductor pattern.
5. Photolithographic definition and etching of resistor

pattern.
6. Stabilization bake.
7 Photolithographic definition and etching of scribing

grid pattern.
8. Chemical vapor deposition of silicon dioxide passi-

vation layer.
9. Photolithographic definition and etching of bond pad

openings over conductors.
10. Scribing and dicing wafer.
11 Test, inspection, and sorting of networks.
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Figure 4 summarizes some of the steps described above
in processing a thin film resistor network. A starting three
inch silicon wafer is shown together with a completely pro-
cessed wafer in Figure 5; approximately 70 resistor net-
works are contained on this wafer. Each finished, tested
resistor network is then bonded to the converter substrate.



The substrate is made of alumina (AID,) and is itself a thin
film component which is photolithographically defined and
then electro-chemically plated with gold. Oatel Systems uses
thin film substrates in its hybrid products while some other
companies use thick film. The main advantage of the thin
film substrates is in the fine line widths which can be
attained, resulting in more complex circuits. Figure 6 shows
a magnified substrate mask for a 12-bit D/A converter;
this conductor pattern has line widths down to 4 mils.

The next step in the hybrid CIrCUit fabrication is Inter-
connection of the resistor network wIth the other circuit
components. This is done, at Datel Systems, by ultrasonic,
thermocompression ball banding 01 gold wires between the
bond pads. For optimum reliability the wire bonding is al·
ways between a substrate conductor and a component bond
pad. Figure 7 shows a cross section of a finished hybrid
circuit. A ball bond 'is shown on the chips whereas a wedge
bond is used on the substrate.

RESISTOR LASER TRIMMING
The next step In the manufacture of the hybrid converter
is the functional laser trimming of the thin-film resistor net-
work, illustrated in Figure 8. A pulsed Xenon laser tnmmer
is used to rapidly trim the resistors which control the most
significant bit currents. The converter circuit is operated
under power In a test fixture located underneath the laser
beam. The tnmmlng IS observed In a magnified Image on a
TV mOnitor while the circuit operatIOn IS measured with an
oscilloscope and DVM. Resistor values are initially low, and
as the laser cuts away a portion of the metal film the value
increases unlil the correct reading 1$ obtained on the digital
voltmeter.

The laser makes a precise 0.3 to 0.6 mil wide cut through
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the nichrome film as illustrated in Figure 8, which shows
detailed dimensions of the resistor. The resistor trimming
results in quad switch currents which are in the required
binary ratio with each other within very close tolerance. The
trimming compensates for any mismatches, as in the base
emitter voltage drops for example, and results in optimum
linearity of the finished converter. The trimmed current
sources must have binary ratioed values within a tolerance
of ±0.01 % cumulative for a 12 bit converter.

It should be noted that the completed thin-film resistor
is completely passivated by a 7000 A (approximately) layer of
silicon dioxide. This prevents any chemical or moisture con-
tamination of the resistor, and together with the stabiliza-
tion bake performed earlier in the processing, results in
excellent long term stability. When the resistor is laser
tnmmed the passivation layer is not affected and remains
intact as shown in the illustration. This is so because the
oxide layer is transparent to the wavelength of the laser
light. Therefore, the laser beam passes directly through
the oxide layer until it strikes the nichrome layer which is
vaporized.

The nichrome resistors made in this way have absolute
temperature coefficients from zero to 30 ppm/oC while
achieving tracking tempcos of only 1 to 2 ppmfoC. Such
tracking results In converters which have monotonic opera-
tion over a Wide operating temperature range. The highest
performance AID and D/A converters are monotonic to 12
bits over a - 55°C to + 125°C operating range. Figure 9
shows a finished 12 bit hybrid Of A converter.
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VOLTAGE REFERENCES
One of the advantages 01 the hybrid microelectronic circuit
design is that, like discrete component circuits, optimum
components (in chip form) can be combined to achieve a
given circuit design goal. This flexibility does not yet exist
with monolithic circuits because of the different processes
required for different types of optimum components.

A critical element in data conversion circuits is the voltage
reference circuit; upon this the stability of the entire cir-
cuit depends. The reference governs, in large part, the
gain stability of the circuit with both time and tempera-
ture. In the past, reference circuits generally used a com·
pensated surface zener diode. New hybrid and monolithic
circuits generally employ one of two newer reference de-
vices: a compensated, buried (subsurface) zener diode or a
bandgap voltage reference.

The buried zener exhibits both lower noise and better long
term stability than the older surface zeners and as a result
is becoming Quite popular. Since avalanche breakdown ac~
curs below the surface of the silicon in the bulk region, the
noise and instability of the surface type zener are avoided.
The breakdown voltage of the zener itself is about 5.6 volts
and has a positive change with temperature of about 2
mV/oC. To compensate this, a forward biased PN junction
diode is fabricated in series with the zener. Since the junc-
tion diode has a negative change of 2 mY/DC, finished de-
vices can be tested and selected for tempcas as low as
5 ppm/oC.

A commonly used reference circuit employing a compen-
sated buried zener reference and an operational amplifier
i~ shown in Figure 10. The amplifier is used to both supply
a constant current through the Zener reference and to buffer
its output for voltages higher than the zener voltage. An-
other output can be taken from the zener, but IS an un-
buffered output.

UNBUFfEREO
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Vo· Vz -,

,~e~~~s~:
~~ER L J

BUffEREO
OUTPUT
Vo>Vz

[VO. (1 ~ :~)vz]

Datel Systems' DAC-HZ12BMR-l uses such a low tempco,
compensated, buried zener reference to achieve a low 10
ppm/oC gain stability over a - 25°C to +850C operating
temperature range.

Another reference circuit now used in many devices, par~
ticularly monolithic data converters, is the "bandgap refer-
ence." This circuit is based on the predictable base emitter
voltage change of a transistor with temperature. By using
two matched transistors operating at different current den-
sities, a stable reference voltage numerically equal to the
extrapolated bandgap voltage of silicon at OaK IS achieved.
This voltage is 1.205V, but in some reference CIrcuits It IS
multiplied up to about 2.5V. The bandgap reference In gen-
eral has not achieved the stability of the new bUried Zener
references, however.

One circuit which employs the bandgap reference is Datel
Systems' model ADC-MC8B, an 8 bit monolithic A/D con-
verter which can also be used as a D/A converter. The
advantage of the +2.5V bandgap reference is that the entire
Circuit can operate from a smgle + 5V logic supply.

The most direct approach to analog to digital conversion is
using a D/A converter in a digital feedback loop as shown
in Figure 1L The loop is closed at the analog comparator
which compares the current output of the D/A converter
against the input current developed by the analog input
voltage. This comparison is made one bit at a time, and the
method is, therefore, known as the successive approxima-
tion technique.

A clock circuit steps the converter through n comparison
steps, where n is the resolution of the converter in bits.
In the first clock period the D/A converter's MSB (most
significant bit) output, which is one half of full scale, is com-
pared against the input. If it is smaller than the input,
the MSB current is left on and in the next clock period
the next largest bit is turned on. If the MSB current is larger
than the input, in the next clock penod It is turned off when
the next bit current IS fumed on. The D/A converter output
at any given time IS the cumulative total of all the previous
bit currents which have been left on.

The comparison process is continued one bit at a time from
the MSB down to the LSB (least significant bit). After the
last clock period, the output of the successive approximation
register contains the digital word representing the analog
input. The converter also puts out an end of conversion,
or status, pulse indicating that conversion is complete. In
addition to the parallel data output on n digital lines, there is
also a useful serial output from most converters derived
from the comparison process.

The successive aproximation AID converter with up to 12
bits resolution is made possible in hybrid form by three
recent developments:

1. availability of low cost monolithic quad current switch-
es in chip form

2. availability of low cost monolithic successive approxi-
mation registers in chip form

3. availability of fast laser trimmIng systems for trimming
thin film resistors

The fJrst two developments drastically reduced the number
of individual monolithic chIps necessary to fabricate a com-
plete hybrid AID converter. The third development made
rapId and inexpenSive tnmmlng of the complete converter
possible.



The development of the monolithic SAR (successive approx-
imation register) was particularly significant since it elimi-
nated a large number of digital chips. The SAR is really a
special purpose digital register that contains all the storage
and control logic to perform the successive approximation
operation. In hybrid data converters the low parts count is
extremely important for several reasons. First it reduces
parts cost and labor, thus allowing the device to be pro-
duced economically in large quantities. Secondly it results
in high reliability by reducing the number of total inter-
connections in the device. Compared to a modular conver-
ter, for example, the hybrid has less than half the total
number of connections. A module, in addition to the bonds
in each circuit component, has at least the same number
of soldered connections.

An important advantage in the new hybrid AID converters,
in addition to low cost and small size, are the "universal oper-
ating features." Some of the operating features which result
in application flexibility are:

1. Pin programmable input voltage ranges of 0 to + 5V,
o to + lOV, ± 2.5V, ± 5V, and ± lOV.

2. Buffered (l00 megohm) or unbuffered input.
3. Parallel and serial output data
4. Short cycled operation (for less resolution at higher

speed) by external pin connection.
5. Voltage reference and clock circuit outputs.
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Some of these features are illustrated in the input circuit
diagram of Figure 12. The comparator input has a tapped
resistor which can be connected for input resistance values
of 2.5K, 5K, or 10K, giving three different voltage ranges.
If the bipolar offset pin is connected to the comparator sum-
ming junction, then the input is offset by one half scale
to give bipolar operation with each of the previous voltage
l"anges. If high input impedance is required, the auxiliary
buffer amplifier can be connected ahead of the input re-
Sistors. It should be noted, however, that the settling time
of the amplifier must then be added to the conversion time
of the AID converter. The buffer output must have settled
to within ±}2 LSB (0.012% for 12 bits) of final value before
the AID conversion cycle can be initiated.

Another way to use the buffer amplifier, if it is not used in
the input circuit, is to buffer the reference output for use
with external circuitry. In this way the reference can drive
up to ±5 mA externally without affecting the temperature
coefficient of the zener reference. External circuitry can,
therefore, be made to track with the AID converter over
time and temperature.

Datel Systems' models ADC-HXI2B, ADC-HZI2B, ADC-
HSI2B, and ADC-HF12B are all high performance hybrid
12 bit AID converters which use the successive approxima-
tion conversion technique. Conversion times vary with these
devices from 20 I1sec. down to only 2 I1sec.

FAST AND ULTRA-FAST HYBRID
DATA CONVERTERS
A typical hybrid 12 bit AID converter, for example the low
cost ADC-HX 128, has a conversion time in the area of 20
to 25 I1sec. There are some limitations in trying to achieve
shorter conversion times with the circuitry just described.
The limitations are in the comparator switching time and in
the output settling time of the quad current switches. For
accurate conversion to 12 bits, each bit output current must
settle to within 0.01 % of full scale before the next compari-
son takes place.

One of the factors that inhibits the comparator switching
time and the D/A converter output settling time is the stray
capacitance from the thin film resistors to the substrate
conductor. Since the resistors are fabricated on a silicon
wafer, this capacitance is significant because of the rather
high (12) dielectric constant of silicon. The total stray capaci-
tance seen at the QCS emitters and collectors, and also
at the comparator input, significantly increases the time
required for settling and switching.

One way to achieve higher conversion speed is to reduce
this unwanted capacitance by fabricating the resistor net-
work on glass instead of silicon. Glass has a dielectric con-
stant of 4, much less than that of silicon. A nichrome thin
film resistor on glass is shown in Figure 13. This nichrome-
oR-glass resistor network is used in Datel Systems' ADC-
HZ12B 12 bit hybrid AID converter to achieve a 12 bit
conversion in 8 f.1sec.maximum.

For faster 12 bit conversions another circuit technique must
be used. There are basic limitations in the switching speed
of quad current switches which cannot be further reduced.
A faster technique is to use individual PNP switched current
sources as shown in Figure 14. Here all the current sources
are of equal value and drive a low impedance R-2R ladder
network; the impedance at every junction in the ladder is
identical. The key to very fast settling time is to use higher
currents driving low impedances. In addition, since each
current source is switched by a single diode connected to
the emitter, the switching delays are very small.

The result of the circuit of Figure 14, when used as a
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D/A converter, is a current output settling time of less than
50 nsec. for 12 bit resolution. This circuit is used in Datel
Systems' ultra-tast D/A converters, the DAC-HF senes. As

with the other circuits, here the R-2R ladder network is also
laser trimmed for optimum linearity. For ultra-fast 12 bit
NO conversion this D/A converter CircUit can be used with
a fast comparator and monolithic SAR to achieve a 2 ~sec.
conversion time (Datel model ADC-HF128).

Although in lower resolution AID converters such as 8 bit
units it is possible to achieve sub-microsecond conversion
times, for the ultimate in conversion speed it is necessary to
employ a technique other than successive approximation.
This other technique is known as the parallel, or flash,
method and is illustrated in Figure 15.

,
2 BINARV

OUTPUT
3 DATA.

The parallel technique basically eliminates the n clock steps
required for a complete converSion by the successive ap-
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form an input quantizer with triP points set one LSB apart
by the resistor biasing network and reference. For a given
analog voltage applied to the input of the converter, all
comparators biased below the input voltage will turn on
and all biased above the input voltage will remain off. The
logic output from the comparators is not very useful since
it is a 2" -1 line "thermometer" type scale as shown in Table
1 for a 3 bit parallel converter with an overrange bit. There-
fore, a fast decoder circuit is used to convert this logic
output into binary code.

The advantage of the parallel type ND converter is that the
complete conversion takes place In just two steps: the com-
parators switch state and the decoder switches state. With
new high speed logic circuits this can be done in typically
15 nsec. The limitation is In the resolution that can be
achieved with a reasonable number of comparators. The
practical limit is a 4 bit converter which requires 2"-1, or
15 comparators. The number of comparators is limited by
physical placement, power consumption, and the total bias
current which cumulatively flows through the resistor bias-
ing network.

To achieve 8 bit resolution, two 4 bit converters are used in a
two-step approach shown in Figure 16. The first 4 bits are
converted and the digital output goes to an ultra-fast 4
bit DIA converter which converts the result back to analog.
The resultant analog voltage is then subtracted from the
Input voltage and thiS difference is converted into digital
form by a second 4 bit parallel converter. The complete
8 bIt digital word IS held in an output regIster. Since the
two steps occur at different times, the next first step can be
performed while the result of the prevIous first step is held
In the register and the second step is being done. This
overlap mode of operation gIves a faster conversion rate
than would otherwise be possible.

The advantage of this two stage conversion IS that just 30
comparators are required by the two 4 bIt parallel con-
verters as compared with 255 If a single stage 8 bit con-
verter were used. The disadvantage IS that some speed IS
sacrificed In the process; nevertheless, speeds as high as
20 MHz are achieved for an 8 bit converSion.

Datel Systems' HU senes devices are hybrid bUilding blocks
for ultra-fast parallel type AID converters. ThiS ISa new and
very useful approach to ultra-high speed converSion since
bUIlding block series may be connected in different ways to
achieve a desired purpose. The ADC-HU38 is a 3-bit par-
allel AID converter which is expandable. Two of these con-
nected together make a 4-blt AID and tour connected to-



gether make a 5-bit AID. Used as a single stage, they have
a 50 MHz conversion rate.

For a two stage converter. the OAC-HU4B is an ultra·fast
4 bit D/A converter which operates directly from a 15 line
input from a 4 bit A/D. Another devIce in this series IS the
SHM-HU, which IS an ultra-fast sample hold for use with the
ADC-HU38.

Monolithic techniques have made outstanding progress In
the past few years. Monolithic technology, rather than rely-
ing on a vanety of different components, must rely on de-
vices that can be readily made monollthrcally. The CirCUIt

design rules, therefore, have been to minimize resistors.
capacitors, etc. and rely on transIstors, making use 01 the
inherent advantages of close matching, excellent thermal
cQupling. and the economy of using large numbers of active
devices with various device geometries. The engineering
ingenuity used in maximizing the use of active components
has resulted in monolithic circuits which schematically look
quite different from their discrete equivalents. For example,
the monolIthic design for an operational amplifier is qUite
different from a discrete-design op amp.

MonolithIc CirCUIts which are available at the present time
use one or more of the follOWing technologies: bipolar.
CMOS, Ion Implantalion, TTL, I'L. and thin film deposition.
Recent progress has permitted the combination of two or
more of these technologies in a single cIrcUIt. for example,
bipolar and CMOS. bipolar and Ion Implanted FET's, and
bipolar and 12L. The difficulty In making monolithic data
converSion Circuits has been In combining linear cirCUItry
with digItal cirCUItry and including preCISion, stable resistors.

Monolithic techniques achieved notable and rapid success
with operational amplifiers, but with data conversion cir-
cuits the progress has been slower due to the above men-
tioned problems. Therefore, the first monolithic converters
were simple 8 bit D/A converters without a reference or
output amplifIer Recent progress, however, has permitted
10 and 12 bit DIA converters to be fabncated. AID con-
verters made with monolithic technology have been largely
restncted to dual slope and charge balanCing types, but
some successive approximation devIces are now becoming
available. At the present tIme most monolithic data con-
verters requIre a number of external parts, for example
references, op amps, comparators. clock Circuits, capaCitors,
and resistors. In spite of these limitations, monolithic Cir-
CUitS generally offer the lowest cost solution to a data con-
version problem. and many of the earlier IImitatlons are now
being overcome.

Figure 17 illustrates two basic monolithic techniques used
in data conversion cirCUits. The first device (Figure 16a)
is a standard diffused planar NPN fransistorwhich is the key
component In monolithic bipolar circuit design. It is fabri-
cated in the following basic steps, starting with a P type
silicon wafer:

1. Photolithographic definition and diffusion of N+ buried
layer. ThiS is required to create a low collector resIs-
tance.

2. Growth of N type Silicon epitaxial layer.
3. IsolatIOn masking and diffUSion (P+ type).
4. Photolithographic definition and diffusion of base re-

gion (P type).
5. Photolithographic definition and diffusion of emitter

region (N + type).
6. Photolithographic definition and evaporation of met-

allization layer (Aluminum).
7. Testing, dicing. and sorting of devices.

The second device is a CMOS transistor pair. These de-
vices are formed by successive diffusions in the same man-
ner as the NPN transistor described above. The basic dif·
ferences are that the initial wafer is N type silicon and the
devices themselves are unipolar transistors. One device is
a P-channel MaS transistor and the other is an N-channel
MaS transistor. The insulation underneath each of the two
metalized gates IS a stable field-oxide layer.

An important element in monolithic data converters IS the
resistor. Stable resistor networks are the basis for ac-
curate and stable data converSion. For lower resolution con-
verters, namely up to 8 bits, diffused resistors are common-
ly used. The diffused resistor IS the most economical type to
use since it requires no additional processing steps beyond
those already required for a monolithic circuit. A typical
diffused resIstor is shown in Figure 18; it is formed by the
bulk resistance of a P-type base diffusion. The value of this
resistor is determined by the sheet resistivity of the diffu-
sion and the length and width of the resistor:

R = Rs L/W
where Rs IS the sheet resistivity.

METALLIZATION
I-: ~ ~~' eA,,,VA"O.

ISOLATION
DIFFUSION

The temperature coefficient of these resistors is large, ap-
proximately 1500 ppmfOC from OOC to 125°C. Fortunately
converter performance depends more critically upon the
matching and temperature tracking of reSistors than on the
absolute temperature coefficient. The matching of diffused
resistors to 0.5% or better and temperature tracking to
100 ppm/oC or better can be achieved in monolithic circuits.
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The limit on using diffused resistors is generally 8 bits, al-
though 10 bit resolution has been achieved by use of re-
sistors with laser trimmed aluminum links. Diffused resis-
tors, however, are no match for thin film resistors which
can give less than 30 ppm/oC absolute tempco and 1 to
2 ppm/oC tracking tempco. Therefore, most 10 bit and high-
er resolution monolithic converters have the additional
operations of depositing, photolithographic etching, and
laser trimming of a thin film resistor network on part of
the monolithic chip.

A common design used in 8 bit monolithic D/A converters
is shown in Figure 19. A series of collector switched NPN
current sources is used with a diffused R-2R ladder net·
work. The ladder network is connected to the emitters as
shown, in order to minimize the total number of resistors;
in this way only two resistors per bit are required and they
have just two different values, Rand 2R. Matching and
tracking of the resistors is thereby simplified.

A reference amplifier and reference control resistor are used
to bias the current sources from an external reference
voltage. Some circuits steer the collector outputs to two
separate output lines which are analog logic complements
of one another and are useful in a number of ways, including
driving an output amplifier in push-pull.

The circuit of Figure 19 is used in Datel Systems' DAC-08B
8 bit D/A converters; these have 85 nsec. output settling
time and high voltage compliance outputs (-10 to + 18V).ln
another Datel Systems model, the DAC-IC8B, the comple-
mented collector output is not brought out but is internally
tied to the positive supply voltage. Resolution is 8 bits, and
output current settling time is typically 300 nsec. An exten-
sion of this device to 10 bits resolution is model DAC-IClO-
BC which uses identical circuitry but uses laser link re-
sistor trimming of the higher order bits. .

Another,popular D/A conversion method uses CMOS cir-
cuitry with a precision R·2R thin-film ladder network. This
circuit, illustrated in Figure 20, is particularly well suited to
multiplying applications where a variable reference voltage
is used. The key to multiplying operation with high pre-
cision is the low resistance CMOS switches which are in
series with high resistance 2R resistors. A feedback resistor
is also provided for use with an external operational am-
plifier. This resistor is also provided for use with an external
operational amplifier. This resistor has an identical tempco
with the ladder resistors since they are fabricated in the
same network and, therefore, the output voltage tempco

,
b,
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depends on the tracking tempco rather than the absolute
resistor tempco.

A detailed circuit of the CMOS switch is shown in Figure 2l.
It is composed of two N channel MOSFET's which are driven
out of phase with each other so that one switch is on while
the other is off. The switches are driven by two CMOS
inverters as shown.

This technique is used to make both monolithic and hybrid
multiplying D/A converters. The advantage of a 2 or 3 chip
hybrid design is that higher accuracy can be attained,
with resolutions up to 14 bits. Such devices are Datel
Systems' DAC-HA series, composed of 10, 12 and 14 bit
multiplying D/A converters.

Monolithic AID converters have been much more difficult
to make than D/A converters, especially for resolutions
higher than 8 bits. This has been particularly true for
successive approximation type AID converters where two
semiconductor technologies must be combined with thin
film resistor technology. The combination that looks parti-
cularly promising in the near future is the combination of
bipolar linear circuitry with 12L digital circuitry and the use
of nichrome thin·film resistors on the same chip.

Given the greater difficulty of making a high resolution
successive approximation AID converter in monolithic form,
it is not surprising that another technique was used first.
This technique is the dual slope method, which has been
popular for many years in discrete component form. It is
illustrated in Figure 22 and operates on an indirect can·
version principle whereby the unknown input voltage is
converted into a time period which is then measured by
a counter.

The conversion cycle begins by switching the operational in-
tegrator to the input voltage, which is then integrated for a
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fixed time period. After this time, the integrator is switched
to a reference voltage of opposite polarity and the integra-
tor output integrates back to zero for a period of time which
is measured by the counter. The resultant count is then the
digital value of the Input voltage. The important thing about
the dual slope technique is that the accuracy and stability
are dependent only on the reference, and not on other com-
ponents in the circuit. This assumes, of course, that the op-
erational integrator is linear. The technique is both simple
and effective and is readily implemented with CMOS cir-
cuitry. Some devices also incorporate automatic zeroing
circuitry to reduce the effect of offset drift with time and
temperature.

The advantages of dual slope conversion are simplicity,
accuracy, and noise immunity due to integration of the input
signal. The chief drawback is relatively slow conversion time.
Dual slope AID converters are most commonly used in digi·
tal panel meters, digital multimeters, and other digital mea-
suring instruments.

Another integrating conversion technique which has gained
in popularity recently is the charge-balancing AID converter.
As illustrated in Figure 23, an operational integrator is
enclosed in a digital feedback loop consisting of a compara-
tor, pulse timer circuit, and a switched reference. A positive
input voltage causes the integrator output voltage to cross
zero volts, which is detected by the comparator and triggers
the pulse timer circuit. The output pulse from the timer
switches a negative reference current to the integrator
input, and this current pulse is then integrated, causing the
integrator output to increase in the positive direction. There-
fore, every time the integrator output crosses zero another
pulse is generated and integrated.

1-------------

A state of equilibrium exists when the average current
developed by the pulses just equals the input current.
Since each current pulse is a fixed amount of charge, the
name "charge·balancing" is appropriate.

If a counter is used to count the output pulses from this
circuit for a fixed period of time, the circuit is then a com-
plete AID converter. This technique, implemented by bipolar
and CMOS circuitry, IS used in Datel Systems' ADC-EK
series AID converters which consist of 8, 10, and 12 bit
binary devices and a 316 digit BCD unit. If a counter is not
used with the circuit then the device is the well known V/F
(voltage to frequency) converter. Model VFQ-1 is a low cost
monolithic VlF converter which also uses bipolar and CMOS
circuitry on the same chip.

OTHER DATA ACQUISITION CIRCUITS

The devices described so far have been AID and D/A con-
verters. In addition to these, there are a number of other
circuits which are commonly used in data acquisition appli-
cations. These circuits include sample-holds, analog multi-
plexers, operational and instrumentation amplifiers, and
filters. All of these devices are also available in either mono·
lithic or hybrid form; many of these products are described
in the pages of this brochure.

Frequently, these various devices are combined together
to make a complete "data acquisition system." Such a system
has an input analog multiplexer, an instrumentation ampli-
fier (somelimes), a sample-hold, an AID converter, and the
required control logic circuitry. These systems take care of
the entire signal processing function from multiple analog
inputs to the digital output which connects to a computer
data'"bus line.

Such a system is also now available in a single hybrid
package. This device is Datel Systems' model HDAS-16 and
a companion device, model HDAS-8. The HDAS-16 provides
16 channels of analog multiplexing, an instrumentation
amplifier with programmable gain from 1 to 1000, a sample·
hold, a 12 bit AID converter, three state output bus drivers,
and all the required control logic. The HDAS-8 is identical
except that it contains an 8 channel differential multi-
plexer. This complex hybrid circuit is fabricated on two
interconnected substrates and is shown in the photograph
of Figure 24.
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an industry standard
Hybrid 12-Bit

AID Converters
by Eugene L. Zuch
Datel Systems Inc.

Analog to digital converters interface analog signals to digi-
tal computers and other digital control circuits. In the world
of data converters the moderate speed,low cost 12·bit AID
converter is a real workhorse, serving in a broad range of ap-
plications from data acquisition systems and pulse code
telemetry systems to computer-based process control sys-
tems, automatic test systems and other sampled-data systems.

System designers often require that an AID converter pro-
vide 12-bit conversion with conversion times between 8 and
50 microseconds. Along with these basic specifications go a
few other accepted parameters such as ±75.least significant

bit linearity and temperature coefficient between about 20
and 40 parts per million per degree Celsius. Twelve-bit reso·
lution yields what most designers consider precision measure·
mente relative accuracy of 0.012% with 0.012% linearity.

The 0.012% accuracy figure, equal to ±~ bit accuracy,
results from quantization uncertainty. Other factors such as
nonlinearity, gain and offset temperature coefficients and
long term drift degrade the 0.012% ideal accuracy figure.
Also, the overall error budget for the complete analog por·
tion of the external circuit may include an amplifier, analog
multiplexer or sample-hold. Hence the use of a l2-bit AID
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converter commonly results in an overall system accuracy
of 0.1%.

The development of monolithic and hybrid Ie technolo-
gy produced dramatic changes in data conversion device
technology. In the past, 12-bi! AID converters of the suc-
cessive approximation type came in a standard 2"x4"x0.4"
encapsulated modular package. Manufactured by a number
of companies and costing between $120 and $200 each,
these units still enjoy wide use.

The first moderate cost, hybrid 12-bit AID converters,
introduced in 1974, were followed by a number of devices
made by different manufacturers, all housed in a-standard
32-pin package with two basic pin configurations. Such
standardization has been rare in the industry. Three factors
weigh heavily in making these devices popular industry
standards: low price (many cost less than $100), small size
(about LI"xL7"xO.2") and universal operating features
that allow them to serve in a wide variety of applications.

These converters are quite a contrast with earlier units
of equivalent performance; such units sold for $5000 in
1959 and $600 in 1968 and were considerably larger. Hy-
brid data converters in themselves are not really new de-
vices since they first appeared on the market in the late
1960s, but until recently they were not produced as stan-
dard products in large volume. Early hybrid converters
served in military and aerospace application where small
size and high reliability were overriding considerations,
and low price was not. The circuitry at that time, much more
complex than today's circuitry, gave very high chip counts
and relatively low production yields.
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TABLE I
HYBRID 12 BIT AID CONVERTER
SPECIFICATION SUMMARY
Resolution

Nonlinearitv

Gain Tempco

Analog Input Ranges

12 Bits

± 1/2 LSB 10.012%)

±20ppm/oC max.

o to +5V, 0 to +10V

±2.5V, ±5V, ±10V

Compo Binary

Compo Offset Binary

20 ,usee. max.

±15VOC & +5VOC

Coding, unipolar

Codi ng. bipolar

Conversion Time

Power Supply

I

I
I
1
I
I
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Fig 4 External pin connections allow faster AID conversion with
lower resolution. The connection shown gives 10·bit conversion.
Connecting the short cycle to ground gives full resolution {12-bitl

conversion.

Design and Operation
Several recent developments have allowed a significant re-
duction in number of chips required to implement a suc-
cessive approximation register, and these technological ad-
vances have brought on the low cost hybrid converter. These
developments include: the availability of low cost, quad
current switches used to implement the converter portion
of the circuit; the development of the monolithic successive
approximation register; and the rapid laser trimming systems

for actively trimming thin-film resistor networks.
The resulting low component count makes high yield

production of a standard converter design a reality; since
parts count and labor are reduced, production costs drop.
In addition, reducing the parts count also reduces the num-
ber of wire bonds, thereby increasing reliability.

Fig I shows the block diagram of a complete 12-bit hy-
brid device and Fig 2 shows one such device. The circuit
basically consists of a 12-bit D/A converter inside an ana-
log/digital feedback loop. The successive approximation reg-
ister (SAR) controls the converter and in turn takes inputs
from the clock circuit and analog comparator. A precision
low drift voltage reference circuit stabilizes the converter.

Operation of the A/D converter is straightforward. The
analog input voltage connects to one of the input resistors
(either directly or through the buffer amplifier at, for ex-
ample, pin 25). The analog comparator compares the cur-
rent nowing through the input resistor with the D/ A con-
verter's output current. A start pulse to the SAR initiates
the conversion cycle, turning on the first bit (most signifi-
cant bit) of the converter. This current is compared with the
input current. If the MSB current is less than the input cur-
rent, the MSB current is left on and in the next clock period
the second bit is turned on. If the MSB current is greater
than the input, it is turned off, and the second bit turned
on in the next clock period.

This comparison sequence continues through all twelve
bits until the cumulative total of all bit currents left on has
been compared with the input current. The digital output
of the SAR (which is also the input to the D/A converter)
is then the digital output word equivalent to the analog in-
put voltage. This output word is held in the SAR's output

register until initiation of the next conversion cycle. The
conversion is thus completed in 12 clock periods.

Construction and Technology
The quad current switches (QCS) play an important role in
the implementation of the converter (see Fig 3). Three QCSs
connect to give 12 weighted currents that are summed to-
gether at the output of the circuit. The first QCS with its
four weighted current sources and reference current source

is shown in detail in Fig 3. The other two QCSs are identical
except that their reference current sources are not used.

The voltage reference circuit sets up a constant current
in the reference transistor which is controlled by amplifier
At. By means of the reference current source, all 12 current

sources are biased by maintaining a constant voltage from
the transistor bases at the negative voltage rail. The biasing
is independent of supply voltage variations. The voltage
reference circuit consists of a low tempco compensated zener
reference and an op amp circuit that maintains constant cur·
rent through the zener reference.

Weighting the emitter resistors R, 2R, 4R and 8R weights
the currents in the NPN transistor current sources in binary
ratios of 8, 4, 2 and I. In order that the currents track each
other closely over a wide temperature range, the NPN trans-
istors are diffused with emitter areas in binary ratios of I, 2.
4 and 8, giving the same current density in each transistor.
This identical current characteristic gives closely matched
base-to-emitter voltage drops that track each other with
temperature.

To get exact binary weighting of the current sources out
to 12 bits, QCS2 and QCS3 both operate into precision cur-
rent dividers that divide the QCS current outputs by factors
of 16 and 256 respectively (compared with QCSl).
Thin-film technology. To ensure the stability of the A/D
converter, the emitter, reference and current divider resistors
are all fabricated in a single thin-film resistor network and
then laser trimmed to the required accuracy. The resulting
resistors have absolute temperature coefficients between zero
and thirty parts per milliontC. Trimming the resistors while

16
Channel
MUX

Fig 5 This circuit multiplexes slowly changing signals without sam-
ple-hold. A throughput rate of 77 KHz can be achieved with ± 1
least significant bit accuracy. This circuit multiplexes up to 16 chan-
nels. The converter's buffer amp provides it with a high-Z load.



the converter is powered and running allows you to achieve
a linearity specification of ±\> least significant bit.

Universal Operating Features
Certain features appear in hybrid D/A converters that make
them industry standards. These features became an import-
ant acsign goal after their appearance in some of the modu·
lar converters on the market a few years ago.
Pin-programmable input ranges. Hybrid A/D converters pro-
vide six usable input ranges: 0 to +5V, 0 to +10V, 0 to
+20V, ±2.5V, ±5V and ±IOV. You can obtain the first three
of these ranges by various connections of the two 5Kf2 input
resistors: in addition, if pin 22 is connected to pin 23. an off·
set current derived from the internal reference is applied to
the comparator input, offsetting the converter's range by
exactly half-scale to give bipolar (positive/negative input)
operation.
Internal buffer amplifier. This operational amplifier is con-
nected as a unity gain follower and has an input impedance
of typically 10· to 109n. Externally pin·connecting the
amplifier ahead of the input resistors increases the converter's
input impedance from the normal range (2.5Kn to 10Kn
depending on how the range-setting resistors are connected)
to over lOOn.

This high input impedance does not come without strings
attached - the 0 to +20V input range cannot be used since
the amplifier's maximum input and output voltage ranges
are ±IOV. Also, the conversion time of the A/D converter
is increased by the settling time of the buffer amplifier. A
little thought about the operation of the successive approxi·
mation converter reveals that the output of the buffer ampli-

fier must have settled to within ±\> least significant bit of
final value before the A/D conversion cycle can be initiated.
In some applications the settling time may not alter the con-
version rate since the input amplifier can be settling to a
new value during the time that the output of the A/D con--
verter is being transferred out.
Short cycling capability. You can terminate the conversion
cycle at less than 12 bits via external pin connection, result·
ing in a faster conversion time with less resolution. Speeding
up the conversion time is also helped by speeding up the
clock rate through an external connection. Tills method work:
because lower resolution requires less settling time at the
output of the D/A converter.

Fig 4 shows how to effect short cycling. The short cycle
terminal (pin 14) of the SAR is externally connected to the
N+ I output bit for an N-bit conversion. The figure shows
the connection for a IO-bit conversion. For a full resolution
12-bit conversion the short cycle pin is connected to the +5
volt logic supply.

To speed up the clock rate, connect the clock rate input
(pin 17) to an adjustable positive voltage. Tills voltage should
be +5V for 10-bit conversion and +15V for 8-bit conversion.
These changes result in reductions in conversion time of
25% for 10 bits and 50% for 8 bits (compared to 12-bit con-
version time).
Choice of output codes. You can choose complementary
binary, complementary offset binary or complementary
two's complement. Use of unipolar operation requires the
first code; for bipolar operation, you can select either
complementary offset binary or complementary two's com-
plement codes by using either the most significant bit out-
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put or the complemented most significant bit output from
the converter.
Precision reference voltage output (pin 18). This output per-
mits referencing external circuitry to the internal voltage
reference in order to give identical tracking of the AID con-
verter and external circuits with both time and temperature.
This results in stable ratiometric operation of the measure-
ment, but the reference output must be buffered by a high
impedance amplifier and hence cannot drive other circuits
directly. 10 microamps can be drawn from the reference
itself. One way you can buffer the reference uses the internal
buffer amplifier, if your application does not require the
amplifier at the AID converter input.
Clocked serial output (pin 32). This serial output occurs dur-
ing the conversion cycle and is synchronized with the clock
(pin 19). The serial output format is most significant bit
first, nonreturn to zero with either complementary binary
or complementary offset binary coding. The serial output
can aid in digital data transmission over long distances and
in pulse code telemetry. Together with the clock output, the
serial output can help align the converters since the codes
are readily observed on an oscilloscope.

Applications
Fig 5 shows an application that requires multiplexing of
slowly changing signals without sample-hold. The circuit
shown will multiplex up to 16 channels. Since the multiplex-
er may have a channel resistance between 25011 and 2KI1,
the multiplexer must see a very high impedance at its out-
put. The converter's buffer amplifier can provide this high
impedance load.

If you use a hybrid AID converter with an 8 microsec-
ond conversion time and allow multiplexer buffer amplifier
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settling time of 5 microseconds, you can realize a through·
put as high as 77 KHz. The system will be accurate to ±I
least significant bit for up to 5 Hz input signal frequency.

Fig 6 shows a typical measurement application where
the measured value must be fed to a digital computer. The
differential output of a transducer bridge is amplified by
the instrumentation amplifier before being fed to the AID
converter input. Since the instrumentation amplifier buffers
the bridge output with its high input impedance, you don't
need the internal ampliiler for input buffering. The ampli-
fier can then drive the transducer bridge from the converter's
internal reference. The buffer amplifier typically draws 125
nA bias current from the reference and provides up to 5 mA
output current to the bridge.

This circuit arrangement achieves the most stable meas·
urement results over time and temperature. In the circuit,
as the internal reference changes, the magnitude of the in-
put signal changes. The converter operates ratiometrically,
providing error cancellation for reference changes.

Figure 7 shows the circuit connection for a sampling JO-
bit AID converter. A 12-bit hybrid AID with 8 !-'sec conver-
sion time is short cycled to 100bit operation. This is done by
connecting the short cycle terminal, pin 14, to pin 2, the bit
II output. Pins 3 through 12 then serve as data outputs with
complementary offset binary coding. the input to the AID
converter is connected for ±SY bipolar operation.

Ahead of pin 24 is a sample-hold circuit (which is a mono-
lithic device) that samples the analog input and provides high
impedance buffering. This sample-hold requires a JOOO pF
holding capacitor, and with this value acquires a 10 volt in-
put change in 4 !-,sec. The sample control pulse is therefore
set to 4 !-'sec width.

After the sample control pulse returns to zero, putting

Ftgure7 shows the circuit connection for a sampling 10 bit AID converter. A 12 bit hybrid AID with 8 psec conversion time is short cycled to
10 bit operation. This is done by connecting the short cycle terminal. pin 14. to pin 2. the bit 11 output. Pins 3 through 12 then serve as data
outputs with complementary offset binary coding. The input to the AID converter is connected for :t5V bipolar operation.



GLOSSARY
OF TERMS

Absolute Accuracy: The output error, as a percent of full
scale, referenced to the NBS standard volt.

Charge Balancing AID Converter: A type of AID Converter
that uses a closed loop integrator with a switched current at
its input to exactly balance the current produced by the in-
put signal

Conversion Time: The time from when a conversion is initio
ated until the output digital data, representing the analog
input value, is ready.

Differential Linearity: The maximum deviation of the ana·
log transition between any twO adjacent codes in an AID
converter from the ideal value. This quantity is generally
expressed as a fr3l.:tion of a least significant bit.

Dual Slope AID Converter: A lype of AID converter that
operates by the indirect method of converting a voltage in-
put to a time period. using an integrator, and then measur·
ing the time period by a clock and counter.

Error Budget: A detailed list of all sources of error in a sys·
tem or circuit to determine overall accuracy

Gain Error (or Scale Factor Error): The difference in slope
between the actual transfer function and the ideal transfer
function, generally given in percent.

Unearity (or Integral Linearity): The maximum deviation
of the AID converter's transfer function from an ideal
straight line between its end points. It is generally given in
percent of full scale or fraction of a least significant bit

Missing Code: The phenomenon of skipping one or more of
the sequence of output codes over the total analog input
range.

Offset Error: The amount by which the AID converter
transfer function fails to pass through the origin, generally
given in millivolts or percent of full scale.

Parallel AID Converter (or Flash Converter): A type of AID
converter that uses a bank of 2n_] comparators and a decod-
er circuit to perform ultra·fast conversions.

Quad Current Switch (QCS): A monolithic circuit which
employs four matched, switched current sources and a ref·
erence current source to achieve 4 bit DIA conversion.

Quantizing Error (or Quantization Uncertainty): The inher-
ent uncerlainty associated with digitizing an analog signal
by a finite number of digital output states. The ideal AID
converter has a maximum quantizing error of tl/2 least sig-
nificant bit.

Reference: A circuit providing an accurate, stable voltage
used as the standard for comparison in an AID converter.

Relative Accuracy: The output error of an AID converter
as a percent of its full scale value.

Resolution: The smalJest analog input change an AID con-
verter can distinguish. This is a function of the number of
output states, 2n, where n is the number of bits and is gen·
erally expressed in number of bits or in percent.

Successive Approximation Register (SAR): A digital circuit
that controls the operation of a successive approximation
AID converter and accumulates the output digital word in
itsregisler.

Settling Time: In a DIA conyerter or an amplifier, the time
elapsed from the application of a full scale input step to
when the output has entered into and remained within a
specified error band around its final yalue.

Short Cycling: Termination of the conversion sequence of
an AID converter to less than the total number of clock pc.
iods required for a full resolution conversion

Status Output: An output logic state indicating when the
AID converter is busy and when output data is ready.

SuccessiYe Approximation AID Converter: A popular type
of AID converter in which conyersion is accomplished by a
sequence of n comparisons where n is the number of resolu-
tion bits.

Temperature Coefficient: The stability with temperature of
the scale factor of the AID converter, generally expressed in
parts per million per degree Celsius.

Analog
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Figure 8 illustrates simple calibration of the hybrid AID converter.
Two external lOOK fipotentiometers adjust zero and full scale for
the converter.

the sample·hold circuit into the hold mode, a 100 nsec start
convert pulse is applied to the AID converter after a I /Jsec
delay. The I/Jsec delay allows the sample·hold output to
settle from its tum·off transient so that this does not cause a
conversion error. The 10-bit A/D conversion then takes
place and is completed in just 6/Jsec. The clock rate is in-
creased by 20% by connecting the clock rate, pin 17, to
±5V. This, in addition to short cycling, reduces the conver·
sion time from 8/Jsec at 12 bits to 6/Jsec for 10 bits.

The time required for sampling, delay, and conversion
is therefore about II /Jsec, giving a maximum throughput
rate of 90 KHz. Such a circuit is commonly used in fast
data acquisition systems.

The sample-hold circuit reduces the aperture, or
measurement uncertainty, time of the circuit. With the
A/D converter alone the measurement time is 6 /Jsec, but
with the sample-hold this time is reduced to about 5 nsec.
This sampling A/D converter can thus accurately sample
signals as fast as 70 kHz.

Figure 8 illustrates simple calibration of the hybrid
A/D converter. Two external 100Kil potentiometers
adjust zero and full scale for the converter. A pulsed
start convert pulse is applied to the start convert input
and also externally triggers an oscilloscope. The con·
verter output code is simply monitored by displaying
the serial output together with the clock output on the
vertical axis of the scope. There are 13 clock pulses and
12 intervals that show up as HI's or LO's on the scope.

Assuming 0 to ±IOV input range, the input pin 24
should first be connected to a precision voltage source
set to +1.2 mV (zero + 1/2 LSB). The zero adjust po·
tentiometer is adjusted to give an output code that just
flickers between 1111.. ... 111 0 and 1111.. ... 1111. Next,
set the precision voltage source to +9.9963V (+FS·
I 1/2 LSB) and adjust the gain potentiometer to give an
output code that just flickers between 0000 ..... 0000 and
0000 ..... 0001.

The converter is now precisely aligned and gives a
quantization error of ±I /2 LSB maximum. 00
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Video analog-to-digital conversion
calls for virtuoso performances. And the plot
really thickens when you have to produce high resolution.

Accurately digitizing analog signals containing high
frequencies, demands ultrahigh-speed, or video. aid
converters. Such a converter is essential to diverse
uses like radar-signature or transient analysis, high-
speed digital-data transmission, video densitometry,
and digital television. In television alone, a speedy
converter can help enhance images, correct time-base
errors, convert standards, synchronize or store
frames, reduce noise, and record TV.

Most video aid converters work in the I-to-20 MHz
range. But at these speeds, resolution can be a prob-
lem. Fortunately, 8 bits and fewer most often suffice
in ultrafast aid applications.

Higher resolutions are hard (and expensive) to come
by, particularly at 10 to 20 MHz. In this ultrahigh-
speed range, 4 bits is about the practical limit for a
single-stage converter. However, you can cascade aid
stages for more than 4 bits.

Below 5 MHz, you can retain the "one bit at a time"
concept of the familiar successive-approximation con-
verter, while reducing the time delays inherent in
converting each bit. The "propagation" (or variable-
reference-cascade) converter of Fig. 1 does just this.

Comparators star in propagation a/d's

The critical parts of the circuit are the comparators,
which must be very fast, and the switches, which must
be not only very fast but also capable of withstanding
the reference voltage. A propagation aid converter
uses one comparator per bit. Furthermore, each bit
is converted in sequence, beginning with the most
significant. With a -5 V reference, the circuit of Fig.
1 handles inputs from 0 to +10 V.

Comparator A, makes its decision at a +5 V input:
when the analog-input voltage exceeds +5 V, the
output is true. The threshold of comparator A, is set
for an input of either +2.5 or +7.5 V, depending on
the output of comparator A,. If the analog input
voltage exceeds +7.5 V, comparator. A, also goes true.
If, however, the analog input voltage is between +5
and +7.5 V, the output becomes ZERO; an input

Table 1. Comparator thresholds for a
4-bit propagation-type ajd converter

Scale Comparator Number

1 2 3 4
FS-I LSB +9.375

+8.750
+8.125

3/4 FS +7.500
+6.875

+6.250
+5.625

1/2 FS +5.000
+4.375

+3.750
+3.125

1/4 FS +2.500
+1.875

+1.250
1 LSB +0.625

-5V err I (MSB) BIT2 BIT 3 BIT4 (LSB)
REF. \. y_---------~I

OUTPUT DATA

I. A propagation-type ajd converter uses one comparator
per bit, with each bit converted in sequence. At best, this
type of aid runs at 5 MHz for up to four bits.



between +2.5 and +5 V produces a ONE. And for less
than 2.5-V input, the output becomes ZERO.

As you can see, then, the output of comparator A,
sets the threshold of comparator A, via electronic
switch S,. S, switches one end of the resistive divider
at comparator A, to ground when the output of
comparator A, is ZERO, and to the -5 V reference
when it is ONE. Therefore, the threshold of the second
comparator is set for either of two analog-in put-
voltage levels: +2.5 or +7.5 V.

This process continues for comparators A, and A,.
Each succeeding threshold is set by the result of all
previous comparator decisions. Thus, comparator A,
has four possible threshold levels, + 1.25, +3.75, +6.25,
or +8.75 V. Similarly, comparator A, has eight pos-
sible threshold levels (for a summary of each
comparator's threshold levels, see Table 1).

Obviously, a propagation-type converter becomes
more complex as its resolution increases beyond 4 bits.
Higher resolution requires not only more resistors-
to set the new threshold levels-but also higher-value
resistors. The resistor values go up in a I, 2, 4,
8,...binary sequence. So as the number of bits in-
creases, the resistors soon take on values so large as
to affect the conversion time for the less-significant
bits. The fault lies with slow settling of the currents
switched through the resistors. The time constants,
caused by switch plus stray capacitances and the high-
value resistors, cause the delays.

Still, you can achieve 50-ns per bit conversions with
a propagation-type converter. After a new input is
applied to the converter, the resulting digital output
word propagates rapidly down the converter-output
lines, as each comparator and switch change states.
Instead of simply allowing the circuit to propagate
naturally, you can also operate it in a clocked mode
by using sampling (gated) comparators, rather than
the usual ungated kind.

But 5-MHz and higher conversion rates, together
with the complexity required for higher than 4-bit
resolution, severely limit the video uses of propaga-
tion-type analog-to-digital converters.

Fortunately, a much faster technique is available.'
Parallel conversion (also called flash, or simultaneous)

I, ,'~ol-
I, '

I ~ :
/ l~ ANALOG

~TR~~~~ON

: : : ;
t r I I I

1.25 25 3.~ 5.0 625 75 875 100

ANALOG INPUT VOLTAGE

2. The quantizer transfer function for a 4-bit parallel-type
converter shows how the analog input is broken into 16
different levels. Each word of digitally coded output
signals represents a range. Q, of input voltage.

is more popular because it is faster than propagation.
A parallel-type aid converter is simply a quantizer
circuit followed by a decoder circuit. As a matter of
fact these two functions are fundamental to all aid
converters. The difference is that these functions are
clearly separate in a parallel ald.

The quantizer section of a parallel converter is
defined by its transfer function, which is shown for
a 4-bit quantizer, in Fig. 2. The quantizer breaks up
the continuous-analog input (horizontal axis) into
discrete-output levels (vertical axis).

In Fig. 2, the output is divided into 16 different
states, or 2" levels, where n is the number of bits. Along
the horizontal axis of the transfer function are 2"-1
or 15 analog-transition points which represent the
voltage levels that define the edges between adjacent
output states or codes.

There is no one-to-one correspondence between
input and output for the quantizer, which assigns one
output code word to a small range, or band, of analog-
input values. The size of this band is the quantum,
Q, and is equal to the full-seale-analog range divided
by the number of output states:

Q = FSR
2"
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3. The circuit for a parallel 3-bit aid converter (a) has
just two basic sections: the quantizer and the decoder.
The transition points in the quantizer are set by biasing
each comparator. through a resistive divider and refer-
ence. The complete 3-bit analog-to-digital converter
comes packaged as a thin-film hybrid (b).

In Fig. 2, where the full-seale-input range is 10 V,

Q = lQ
2'

lQ
16

= 0.625 V.
Fig. 2 snows levels of 0 through 15 at the output.

When binary-code words are assigned to these output
states, as shown in the leftmost column, the transfer
function becomes that of a complete aid converter
rather than just a quantizer alone.

Scale 7-lIne equally weighted Binary
(fraction of full code with overrange code

scale)

+9/8 11111111 1000

01111111 0111

+3/4 00111111 0110

00011111 0101

+112 00001111 0100

00000111 0011

+1/4 00000011 0010

00000001 0001

0 00000000 0000

The binary codes are assigned by a circuit that
decodes the quantizer-output logic. Though you can
select any code, the code shown, natural binary, is
most used. Notice that the analog center of each code
word-the exact analog value-is depicted by a dot
on the transfer-function graph.

The transfer function in Fig. 2 depicts an ideal
quantizer or aid converter. A real device, of course,
has errors in offset, scale-factor (gain) and linearity.

Fig. 3 shows a circuit implementation of a 3-bit
parallel aid converter. Usually, the quantizer portion
of such a circuit consists of a bank of 2"-1 high-speed
comparators. But, in Fig. 3, 2" or 8, comparators are
used, because this circuit also provides an overrange
output that can be used for expansion.

The bank of comparators has 2" analog-transition
points. These are directly set by biasing one side of
the comparator inputs from a reference with a series
string of equal-value resistors, R. The Q for this circuit
depends on the value of R, the reference voltage, and
the total resistance:

Q = (VREFR)/RrorAL

The bottom and top resistors in the string have
values of R/2, which correspond to the values of the
first and last analog-transition points. These transi-
tions are at Q/2 and FS -(Q/2), respectively.

Without the over range output, the last analog
transition point would be at FS - (3Q/2). The value
of the top resistor would then be 3R/2.

Enter the decoder

The parallel converter's decoder section is a rather
straightforward logic circuit. It translates the logic
outputs from the comparators into the most common-
ly used code, natural binary.



possible using the commercial hybrid version of these
expandable parallel converters.

Table 2 shows the coding for quantizer and decoder
outputs. In this quantizer-output code, the seven
comparator-output lines (eight, counting the over-
range comparator) are equally weighted. This equally
weighted code is simple and unambiguous, but ineffi-
cient-only one output line changes at a time from
all-ZERO to all-ONE outputs. Except for not being
cyclical, the quaritizer code is like the Johnson code
used in shift counters. Like the quantizer code, John-
son code proceeds from all-ZEROs to all-ONEs, but
then cycles back to all ZEROs.

In the decoder, simple NOR and OR gates perform
the logic according to the following equations:

Bit 1 A,
Bit 2 = A. + A,·A.
Bit 3 = A, + (As·A.) + (A3·A,) + (A1·A,),

where the A,'s are the numbered-comparator outputs
in Fig. 3, Bit 1 is the MSB and Bit 3 is the LSB. The
AND function in the equations is replaced by a NOR
in the aetual circuit. The OR function can be im-
plemented by tying together the appropriate outputs
of wire-ORed ECL logic.

With ultrafast analog comparators, parallel con-
version offers the ultimate conversion speed. Since the
comparators all change state simultaneously, the
quantizer output is available after just one propaga-
tion time. Of course, the decoder adds more delay, but
high-speed Schottky- TTL or ECL circuits can min-
imize the decoding time.

In 3-bit form with an additional comparator, for
overrange, the parallel converter in Fig. 3 can be
expanded for higher resolution. You can connect two
converters, combine into one flash converter to get
often-needed 4-bit resolution. Likewise you can con-
nect four such circuits for 5-bit resolution-and so
forth. In this way, these circuits can be used as
"building blocks" for ultrafast aid converters. Con-
version rates of 50 MHz, for 3, 4, or 5-bit aid's, are

Comparator plays a complex role

The most critical component in a parallel aid
converter-as in a propagation converter-is the com-
parator. It not only determines the speed of the
converter but also the accuracy. Ultrafast sampling
comparators like the 685, 686 and the dual 687 are
excellent for this function.

A sampling comparator has two Latch-Enable in-
puts that switch it into either a Compare or Latched
mode. In the latter, the comparator's digital output
is locked until the next comparison is made.

Whether or not you use a sampling comparator, you
must consider the propagation delay for small over-
drive. This is important because the analog full-scale-
signal range is generally small for ultrafast aid
converters-commonly between 1 and 4 V. The com-
parator must change state rapidly for a Q/2 analog-
input change. For a 4-bit converter with a I-V input
range, this represents an overdrive of 31 mV; for an
8-bit converter with the same input range, the over-
drive is just 2 mY.

The analog-input characteristics of a comparator
are important because they affect conversion ac-
curacy. Input-offset voltage and input-bias current are
usually the most significant of these parameters. The
offset voltage directly affects the accuracy of the
quantizer's analog-transition points; the input-bias
current also affects the accuracy through the effective
input resistance of the comparator.

Since an ultrafast comparator generally has bias
currents as high as 10 /lA, its inputs must look into
low resistances. Fortunately, for small-signal ranges
like 1 to 4 V, each resistance in the series network
can be kept low. In an actual 3-bit parallel hybrid
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5. Timing for the a-bit two-stage aid converter allows for
two modes in the sample-and-hold circuit-Hold and
Track. These occur between successive Start-Converts.
The second and succeeding conversions take 50 ns.

I 2 34
OUTPUT

\.. DATA
y~--------~)

m STAGES

6. A generalized n-bit, m-stage aid converter develops an
output with n x m bits of resolution. In each stage, except
the first. the analog result of the subtraction is amplified
by a circuit whose gain is 2".

converter. laser-trimmed. thin-film-resistor networks
make the transition points stable and accurate.·

One comparator parameter that greatly affects
speed is input capacitance. For example, the analog-
input line to a 4-bit aid with overrange feeds 15
parallel-comparator inputs. It must be driven from
a low-impedance source to retain high speed. There-
fore, either a high-speed input-buffer amplifier or a
sample-and-hold circuit drives the input.

Parallel aid conversion suffers from one significant
drawback; more resolution than four bits requires
many comparators. The number (N,) increases ex-
ponentially with n, the number of bits:

N, = 2' -1
An g-bit converter, for example, requires 255 com-
parators. That many comparators vastly complicates
bias-current and input-capacitance problems-to say
nothing of the high power dissipation they produce.
Another problem, of course, is how to position so many
comparators while minimizing lead lengths.

Coming onstage-the two-stage aid

As a result, the practical limit of parallel aid
converters is usually 4 bits. Higher-resolution designs
use a two-stage parallel technique that is really a
combination of the parallel and propagation tech-
niques. It cascades two 4-bit conversions.

This two-stage method is illustrated in Fig. 4. which
shows the block diagram of a complete g-bit, 20-MHz
converter. including buffer amplifiers and a sample-
and-hold. Starting at the input. amplifier A term i-

nates the analog input with the proper impedance and
scales the signal for the sample-and-hold circuit.
During its conversion to digital form. the ultrafast
sample-and-hold acquires and holds the an"log-input.

The sample-and-hold output goes into two unity-
gain buffer amplifiers, one of which buffers the input
to parallel4-bit aid converter L This aid converts the
input level. then stores the digital result in half of
the output-data register. In addition, 15 undecoded
comparator-output lines drive a IS-line, equally-
weighted digital-to-analog converter. This d/a. in
turn. generates an analog voltage that is subtracted
from the other buffered-input signal.

The subtraction result, a residual signal, goes to the
input of the second parallel 4-bit aid, the output of
which goes to the other half of the output-data
register. The input signal is therefore sampled and
converted to digital form in two 4-bit steps.

Four digital delays time the converter as shown in
Fig. 5. A pulse at the Start-Convert input begins the
timing sequence. The Start-Convert pulse puts the
sample-and-hold into the Hold mode for 30 ns. During
this time. the first 4-bit conversion is made and the
second 4-bit converter quantizes the residual signal.
While the second aid conversion is decoded and
transferred to the data register. the sample-and-hold
goes into the Track mode to acquire the next value.

When the conversion is done and the g-bit word is
ready in the output register, the delay circuit gener-
ates and End of Conversion (or Status) pulse. In the
timing diagram. numbers I, 2. 3 and 4 indicate the
relationship of the signals for the first. second. third



The two most popular techniques for aid conversion
are dual-slope (a) and successive-approximation (bl.
Together these methods probably account for over
98%of all analog-to-digital converters in use.

Dual-slope conversion, an indirect method, converts
the analog-input voltage into a time period. Then a
digital clock and counter measure the interval. For
only serial-output data, a simple gate replaces the
counter. The method is simple, accurate, and inex-
pensive. but suffers one major drawback: Conversion
is usually slow-often taking milliseconds.

Successive approximation aId converters, on the
other hand, can be much faster. They can convert to 12
bits in 2 to 50 ~s and to'8 bits in 400ns to 20~s. Also,
every conversion is completed in a fixed number (n) of
clock periods, where n is the resolution in bits.

Successive-approximation, a direct method, puts a
d/a converter inside a feedback loop containing both
analog and digital elements. The successive-approx-
imation register controls the d/a converter, and the
comparator and clock, in turn, control the register.

A conversion consists of turning on, in sequence,
each bit of the d1a converter, starting with the most
significant. During each clockperiod, the analog input
and the d/a output are compared. The comparison
determines whether to leave each bit on or turn it off.

So, after n clock periods, each bit has been turned
on, a comparison has been made, each bit's logicstate
has been decidedand the conversion is complete. Clock
periods usually last from just fractions of a micro-

and fourth conversions. The delay from the leading
edge of the Start-Convert pulse to the falling edge of
the Status pulse is 65 ns-the delay for the first
conversion. After the first conversion, new output
data arrive every 50 ns-a rate of 20 MHz.

A two-stage parallel aid converter is practically the
only device used for ultrafast conversion at 8-bit
resolution. Moreover, just about all new 8-hit con-
verters have built-in sample-and-holds to shorten the
effective aperture time of the conversion from the 50
ns of the converter in Fig. 4, to a fraction of an ns.

While the 8-bit aid in Fig. 4 is functionally simple,
it's actually difficult to develop. In fact, it usually
takes longer to develop than today's qther types of
aid's. More engineering time can go into just de-
termining circuit and ground-plane layout than into
any other part of the development.

Behind the scenes-a hybrid

At least one commercial 8-bit converter uses thin-
film hybrid components as building blocks, which
organize the critical-circuit functions into miniature
packages. For example, each 4-bit aid shown in Fig.
4 can be implemented with two hybrid 3-bit expand-

second to several ~s. Each clock period must allow
time for comparator switching, changing successive-
approximation-reRister states and d/a converter
switching plus settling. Settling time for the d/a
converter takes a large part of the clockperiod because
the output must settle to within half the least-
significant bit before the comparison starts.

able decoded aid's. Also, the 15-line dla converter, the
sample-and-hold and the input-buffer amplifier can
be readily hybridized. The remaining noncritical
circuit elements can be made from standard
monolithic devices and passive components.

The hybrid circuits' stable thin-film resistors can
be laser-trimmed for optimum linearity. The entire
circuit of Fig. 4 fits on a single circuit card, so laying
out critical components is less formidable.

Propagation and parallel two-stage are specific
examples of a more general conversion method by
which m stages of n bits each, make an aid converter
with m X n bits of resolution (see Fig. 6). In each case,
the residual analog signal from the subtraction is
boosted for the next stage by an amplifier with gain
of 2". This technique can produce a 12-bita/d converter
using three parallel 4-bit aid stages .••
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Intersil has introduced a family of power amplifiers - the IH
8510 family. These power amplifiers have been specifically
designed to drive D.C. servo motors, D.C. linear and rotary
actuators, electronic orifice valves and x·y printer motors.
There are three versions presently offered - the IHa510 is
specified at 1 amp continuous output with up to ±35V power
supplies; the IH8520 is specified at 2 amps continuous out·
put at up to ±35V; finally the IH8530 is a 3 amp version
with the same power supply range.

The amplifiers are linear mode types and are basically a
po'weT version of the popular 741 differential ap amp. The
parts are available in 8-pin TO-3 packages. Using ±30V power
supplies, the amplifiers are capable of delivering up to ±26V
swings into a 10n load. The parts are biased Class AS, and
have typical no-load quiescent current of 20mA. Frequency
response, input offset voltage, input offset, and bias currents
are the same as the 741 op amp. All three models can with-
stand indefinite shorts to ground on the output. When driv-
ing a D.C. motor, the amplifiers can also withstand the
surges caused by motor lock-up and motor reversal (i.e.,
while running in one direction, the voltage is suddenly
reversed).

The linear nature of these power amplifiers allows them to
fit in very well with another lntersil product family - the
D/A converter. Intersil has two low cost DAC's available -
the 7520 series, and the 7105. When a DAC and a power
amplifier are combined, one has a very useful building block
for control functions, i.e., a digitally programmable power
driver. This power DAC can interface directly with micro-
processors, UARTS, computers, etc.

A typical power DAC designed for 8 bit accuracy and 10 bit
resolution is shown in Figure 1. The IH851 0 power amplifier
described in the introduction is driven by the lntersil 7520
monolithic D/A converter.

The 7520 contains the R/2R ladder network and the feed-
back resistor for proper scaling of the reference input volt-
age (±10V) and also the SPDT switches (CMOS) for each
bit. Figure 2 shows a part of the system (first 4 bits). Note
that a permanently biased "on" switch is in series with the
10Kn feedback resistor. The RDS(on) of this "on" FET is
0.5 x RDS(on) of the Most Significant Bit (MSB) switch to
maintain MSB accuracy (gain accuracy) at 25°C and over the
temperature range. Since the FET switches are on the same
I.C. chip, the temperature tracking is excellent. Actually,
the 7520 specifies the temperature coefficient at 2ppmfC
maximum.

The circuit configuration is such that the SPDT switches in
series with each 20KD. resistor never see more than ±25mV;
this minimizes DAC errors caused by ID(off) and ID(on) leak-
ages. It also allows the DAC switch to handle ±10V references
with only a single +15V power supply. Thesizeofeach DAC
switch is scaled so that it does not distort the gain for each
bit, i.e., the MSB switch RDS(on) is 25n; the next switch
RDS(on) is 50n; the next is lOOn, etc.

A summing amplifier is shown between the 7520 and the
IH8510 in Figure 1. This apparently redundant amplifier is
used to separate the gain block containing the 7520 on-chip
resistors from the power amplifier gain stage whose gain is
set only by external resistors. This approach minimizes drift
since the resistor pairs will track properly,

2 " VREF "lOVI lOK:;

J "
BI~ {

• INTERSIL 13 '~}."7520
12

SWITCHES SWITCHES 10K!!

" 100p!
9

Figure 1:

The Basic Power DAC
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One of the decisions the user will have to make is the choice
of summing amplifier. For 8 bit accuracy with 25 volt out~
put swings, a Y:zLSB is equivalent to approximately 50mV.
The worst case errors introduced by the ap-amp (i.e., the
cummulative effects of IB. and 10S. and I'>VOS/I'>T) should
therefore be significantly less than 50mV.

In Figure 1 a 101 A is shown. This amplifier meets the require-
ments outlined abo\{e. Over the military temperature range,
the input bias current (average of the two input currents) is
specified at lOOnA maximum. The input offset current is
given as 20nA maximum. Thus, in the worst case, one input
bias current could be 11 DnA, the other one 90nA. Again,
making the pessimistic simplification that R 1 = zero, that
all the DAC switches are off. and that the higher of the two
bias currents flows through the feedback resistor. the error
due to input current equals 110 x Rf x 1O-6mV. Figure 3
shows this situation. The maximum value of Rt is not given
in the 7520 data sheet. but in practice is around 15K!1. The
input current error (absolute worst casel therefore calculates
out at 1.65mV. To this. one must add the effect of offset
voltage drift. This amounts to a worst case of 1.5mV over
the temperature range. The summation of these two errors
is still an order of magnitude less than %LSB in 8 bits, a com-
fortable safety margin. In fact. the 101A would be adequate
for a 10 bit power DAC.

Performing the same calculations on a 741 over the military
temperature range, the input current (worst case) error is

---I
I
I
I
I
I
1
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26mV. and the voltage drift (worst case) is 2.5mV. The
latter number is an estimate since the 741 data sheet does
not guarantee drift. It can be seen from these numbers that
the 741 is margir>al fdr this application. However a more
detailed analysis, taking into account a non-zero value for
R1 (say 10K!1). would show the 741 in a better light.

The initial offset voltage of the buffer amplifier adds to that
of the IH8510. and is multiplied by three before appearing
at the output. Depending on the application, it may be de-
sirable to null out this offset. The nGlling should be done at
the buffer in the manner recommended for the amplifier be-
ing used.

In the majority of DAC applications, a full scale output ad-
justment is necessary. For example, set point controllers in
servo systems are typically required to have an error no great-
er than 0.3% of full scale reading. This can be achieved by
either adjusting the reference voltage up or down from a
nominal 10.000V. or by using a potentiometer in the ampli-
fier feedback network, as shown in Figure 4. The potentio·
meter should be a low temperature coefficient type.

A final important note on the 7520/101 A interface concerns
the connection between Pin 1 of the DAC and Pin 2 of the
op amp. Remember this point is the summing junction of
an amplifier with an AC gain of 50,000 or better. so stray
capacitance should be minimized otherwise instabilities and
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poor noise performance will result. Notice also that an in-
verting gain stage follows the 101 A output; this is to boost
the power DAC output to ±30V; thus a gain of -3 is used.
It a non-inverting gain of +3 isdesired, then the configuration
of Figure 5 should be used.

The 0.68fl resistors from Pins 5 and 7 to Pin 6 are used to
set current limits for the power amp. These are safe area lim-
iting structures which follow a definite VOUT/IOUT profile
This is shown in Figure 6.

Notice that maximum output current is obtained when
VOUT ~ +25V-30V, for either polarity of VOUT; current
falls off as VOUT decreases to limit the internal power dis-
sipation. When driving 24V to 28V DC motors or actuators.
the power amp delivers full power. Since lOUT is a max-
imum for this range, the internal power limiting does not
affect normal performance. For example, consider driving a
24V DC motor at 1.5 amps delivered current. The internal
power dissipation is (30V - 24 V) x 1.5 amps ~ 9 watts.

Now the load is also taking 1.5 amps x 24 V ~ 36 watts. The
~mpl.ifier efficiency = ~ = 80%. Now, if the o~tPut
IS mistakenly shorted to ground (through motor failure)
then IOUT(max) goes to 0.5 amps and the power dissipation
equals 30V x 0.5 amps = 15 watts. As long as the amplifier
is heat·sinked to dissipate this 15 watts, no damage will r.esult
and proper performance wi II return when the fault is correct-
ed. A significant advantage of the IH8510 family is that the
case is electrically isolated and is not tied to any pin_ This
means that multiple IH8510's can be mounted on the same
heat sink.

The IH8510 family design is shown in Figure 7. It consists
of a 741 op amp driving a custom chip (called the IH8063).

The 8063 is a 60V circuit which boosts the voltage and cur-
rent outputs of the 741 to drive internal power transistors.
It also contains plus and minus regulators ;0 lower the ±30V
input voltages to ±15V for safe 741 operation.

The complete, operational system is shown in Figure 4. At
the time of writing, the 7520 sells for $1 0 in small quantities,
and the 301A is in the 50¢ area. The IH8510 sells for $15
each in small quantities, so the system cost is as follows:

7520 DAC (Intersil)
5Kfl 50ppm pot (full scale trim)
301A op amp (Intersil)
100pF capacitors
Miscellaneous resistors
0.68fl 5 watt resistors
IH8510 power amplifier (Intersil)

$10.00
2.00

.50

.20
1.10
.50

15.00
$29.30

To obtain a D.C. reference for the DAC, one can buy a 10V
reference or use a circuit such as that shown in Figure 8.



ANOTHER WAY TO BUILD
A POWERFUL D/A CONVERTER

lntersil will shortly introduce a Of A converter which operates
on a new concept (no R/2R ladders or weighted resistors,
etc.l. Instead of dividing current or voltage into many small
steps, the 7105 OAC divides time. The output configuration
consists of a SPOT switch. A clock oscillator is prbvided, and
data latches for the digital input. For a n-bit converter, in any
2n consecutive clock pulses, the switch is thrown one way
for a number of pulses corresponding to the input data and
the other way for the remainder. Thus, if the switch is used
to connect a reference voltage or current to an appropriate
filter, the average output corresponds to the digital input as
a ratio of the reference. The switching cycle is arranged so
as to minimize the filtering required on the output; and hence
optimize the settling time. By its very nature, this technique
insures monotonicity and (except for two short sections
near zero and full scale) excellent linearity. Other than the
reference, no critical value components are needed, and the
tolerance and temperature coefficients of the filter compo-
nents affect only the settling time and ripple content. The
main limitation of the converter is the relatively slow con-
version rate. The technique does for D-to-A conversion what
the dual-slope technique does for AID conversion, that is it
provides a slow but very accurate and stable conversion tech-
nique that avoids the use of high tolerance components.

A suitable interconnection between a 7105 D-toA converter
and the 8510 power amplifier is shown in Figure 9. Note
that two pole filtering is adequate for 8 through 12 bit con-
verters, but three pole is required for optimum settling time
on 14 and 16 bit devices.

Motor Control

An important application for power DIA converters is in pre-
cision motor control systems (position controllers). Digitally
contrOlled constant torque is best facilitated using the power
DAC circuit shown in Figure 10. The desired torque is set
by closing the appropriate DAC switches; this sets the DC
output of the DAC. Torque is directly proportional to motor
current, and the motor current is directly proportional to
the voltage across RS, i.e.,

Torque = Kim = - KVl
RS

By setting the DAC input switches 20, 21, 22, etc., any de·
sired torque can be obtained and a torque versus time profile
can be established. Torque versus time profiles are important
in controlling the acceleration and deceleration of motors
and may be used to provide dynamic breaking for different
load conditions. The digital control could be performed by
a microprocessor or a programmable logic array such as In-
tersil's·IM5200 (Ref. 1).

Programmable Power Supply

Another big application for power DACs is the digitally con-
trolled power supply. It is probably that the coarse and fine
control adjustment knobs on power supplies will be replaced
in the future by digit switches. With this, the user does not
need to use a 3% digit DVM just to set a power supply. An
8-bit power DAC allows the supply to be set instantly and
provided remote control automatically. The practical prob·
lem one runs into here is the maximum load capacity the
power DAC can drive without oscillating. Power supplies
often use 0.11-'F to 1OOI-'Fdecoupling capacitors to ground;
this will cause most op amps to oscillate, including the 8510.
The only answer for this application is to reduce the band-
with to gain CL drive capability. Of course, the lower the
bandwith, the bigger the value of CL to keep the output
impedance to a certain minimum value; thus there is a com-
promise involved here. This compromise is not unique to the
8510; the amplifiers in typical series pass regulators must
also be designed to handle capacitance loads without misbe-
having. Another possible solution is to isolate the amplifier
output from the load by using a series inductor. Thus, when
large decoupling capacitors to ground are used, the amplifier
still sees at least the inductance as a load.

1. Intersil Application Bulletin MB001, "Sequential Indus·
trial Control Using the IM5200 FPLA" by John Nichols.
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The ICL71 04
A Binary Output A/D
Converter for fJ.Processors

1. INTRODUCTION
The ICl7104, combined with the ICl8052 or ICl8068,
forms a member of I"tersil's high performance AID converter
family, The 16-bit version, the ICl7104-16, performs the
analog switching and digital function for a 16-bit binary AID
converter, with full three state output, UART handshake
capability, and other outputs for a wide range of output
interfacing. The ICl7104-14 and ICL7104-12 are 14 and 12-
bit versions. The analog section, as with all Intersil's
integrating converters, provides fully precise Auto-zero,
Auto-polarity (including ± 0 null indication), single reference
operation, very high input impedance, true input integration
over a constant period for maximum EMl rejection, fully
ratlometric operation, over-range indication, and a medium
quality built-in reference, The chip pair also offers optional
input buffer gain for high sensitivity applications, a buiit-in
clock oscillator, and output signals for providing an external
auto-zero capability in preconditioning circuitry, synchron-
izing external multiplexers. etc., etc. The basic schematic
connections are shown in Figure 1.

The chip pair operates as a dual-slope integrating converter.
The conversion takes place in three stages, each with their
own configuration. In the first, or auto-zero phase (this is also
the "idie" condition), the converter self-corrects for all the
offset voltages in the buffer, integrator, and comparator
During the second, or input integrate phase, the converter
integrates the input signal for a fixed time 1215clock pulses
for the -16 part, 213 for -14, 211 for -12), The converter then
determines the (average) polarity of the input, and during the
third, or deintegrate (alias reference integrate) phase,
integrates the reference voltage in the opposite polarity. until
the circuit returns to the initial condition. This point is known
as the zero-crossing, and terminates the conversion process.
The time (number of clock pulses) reqUired to reach zero-
crossing is proportional to the ratio of the input signal to the
reference. A more detailed discussion of the operation of the
dual-slope converter, including the ICl8052-ICl-710X
family, is given in Application Note A017 "The Integrating
AID Converter." Figure 2 shows the basIc waveforms of the
Integrator.
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This application note will first cover the digital interface of
the ICL8052<1CL80681-ICL7104chippairto digital systems of
various kinds, including microprocessors, using the three
state output capabilities (covered in Section 2) and the
handshake system built ir.to the 7104 (Section 3l. Finally,
some (mainlyl analog techniques to enhance the system
performance in certain applications are covered in Section 4.
An Appendix covers a normally undetectable but under
some circumstances significant error generated in the auto-
zero system.

2. DIGITAL INTERFACE
(Without Internal Handshake)
The output format of the ICL7104 is extremely versatile, and
includes a full internal handshake capability, which is dis-
cussed in the next section, Here we will be concerned only
with the "normal" three state output lines. To disable the
handshake circuitry, the MODE pin (pin 27l should be tied
low (to digital gnd).
In this mode, the most useful output-timing signal is the
STaTuS (STTSlline (pin 3),which goes high at the beginning
of the signal integrate phase. When zero crossing occurs (or
overload detection), new data is latched on the next clock
pulse, and 1/2 clock pulse later, the STTS line goes low.
Thus, the new data is stable on this transition. The Run/Hold
pin IR/HI (pin 281is alSouseful for controlling conversions. A
more detailed description of the operation of this pin is given
in Section 4.6, but it will suffice to say here that if it is high,
conversions will be performed continuously, while if it is low,
the current conversion will be completed, but no others will
start until it goes high again. There are 18 data output lines
(16 and 14 on the 14-bit and 12-bit versionsl, including the
polarity and over-range lines. These lines are grouped in sets
of no more than 8 for three stated enable purposes, in the
format shown in Figure 3, under the control of the byte and
chip disable lines shown. To enable any byte, both the chip
disable and the corresponding byte disable lines must be
low. If all four(threefor7104-14and -12)disable lines are tied
low, all the data output lines will be asserted full time, thus
giving a latched parallel output. For a three state parallel out-
put, the three (twoI byte disable lines should be tied low, and
the chip disable line will act as a normal three state control
line, as shown in Figure 4. This technique assumesthe useof
an 18116,141bit wide bus, fairly common among minicom-
puters and larger computers, but still rare among micropro-
cessors (note that "extra" bits can sometimes be sensed as
condition flags, etc.!. For small words, the bit groups can be
enabled individually or in pairs, by tying the chip disable line
low, and using the byte disable lines either individually or in
any combination as three state control lines, as shown in
Figure 5. Several devices can be three stated to one bus by
the technique suggested in Figure 6, comparable to row and
column selection in memory arrays.

CONVERT

O. O.

POL POL

8052A1 8052A1 MS'
8068A 7104 0060A 7104

LS. LS.

CONTROL CONTROL

LO
RHIl

7104-1' POL OIA "8 "5 814 813 "2 .,1 '10 •• .. •• .. .s .. ., .2 .,
H H

7100'-'. POL OIR 814 813 "2 811 '10 •• .. .. •• .s .. • S .2 "7104-12 POL OIR 812 811 ". •• •• •• .. .s .. • s .2 .,
0

Figure 3: Three State Formats via Disable Pins
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OA OA OA

POL POL POL

80S2AI MSB 8052AI MSB B052A/ MSB

0068A 7'04
8068A

7104
8068A

7104

LSB LSB

HeEH iiiiEN leEH MBt ••• IIIBEN LIEN MiEN IIIBEN LeEH

Figure 6: Three Statmg several 7104's to a Small Bus.

Some practical interface circuits utilizing the parallel and of setup-skew to conversion times). One way to overcome
three state output capabilities of the ICL7104are shown in this problem is to read back the STTSline aswell, and if it is
Figures 7 through 13. Figure 7 shows a straightforward high, read the data again alter a delay exceeding 1/2
application to the Intel MCS-48,80, and 85 systems via an (converter) clock cycle. If STTS is now low, the second
8255PPI,using full-time parallel output. The I/O ports of an reading is correct, if it is still high, the first reading was
8155can beusedin the sameway. This interfacecan beused correct (notethat data neverchangeswhen STTSis low,and
in a read-any1ime mode, although there can be timing it goes low 1/2 clock cycle alter data update occurSI.
problems here, since a read performed as newdata is being Alternatively, the problem is completely avoided by using a
latched in the ICL7104 may lead to scrambled data. (Note read-alter-update mode,asshown in Figure8. Herethe high
that this will occur only very rarely, in proportion to the ratio to low transition of STTS triggers a "read data" operation

Figure 7: Full Time Parallel/Interface
8052180681-710410 MCS-48, 80/85
Families

Figure 8: Full Time Parallel Interface
8052(8068)-7'04 to MCS-48, 80/85
Families With Interrupt



through the MCS-8 Interrupt system. This application also
shows the AIR pin being used to initiate conversions under
software control. If continuous conversions are desired, AIR
may be held high, and if the maximum possible conversion
rate is desired, AIR may be tied to clock out IseeSection 4.B
belowl.

A similar interface to the Motorola MC6800system is shown
in Figure 9. Since the maximum input-port count here isonly
16,while the 16-bit ICL7104 has 18outputs, control register
A is usedto input the two extra bits. The high to low transition
of the STTS pin enables the two high bits, clocking the two
interrupt flags in Control Aegister A if they are negative. A
pullup resistor is needed on CA1, though CA2 has one
internally. The same transition causes an interrupt via
Control Aegister B's CB1 line. It is important to ensure that
the software interrupt routine readscontrol register A before
reading data port A, since the latter operation will clear the
interrupt flags. Note that CB2 controls the AIR pin through
control register 8, allowing software initiation of
conversions' in this system also. Naturally, the 14and 12 bit
versions of the ICL7104avoid this problem since 16or fewer
bits need to be read back. Since the MOS Technology
MCS650X microprocessors are bus-compatible with the
MC6800'sthe same circuit can be used with them also.

Figure 10 shows an interface to the Intersil IM6100 micro-
processor family through the IM6101 PIE device. Here the
data is read back in a 10-bit and an 8-bit word, directly from
the 7104 onto the 12-bit data bus. Again, the high to low
transition of the STTS line triggers an interrupt. This leadsto
a software routine which controls the two read operations.
As before, the AIR pin is shown as being under software
control, though the options mentioned above are equally
acceptable, depending on system needs.
These Interrupt-fed systems essentially use an external
handshake operation, under software control. An interesting
variation, using the Simultaneous Direct Memory Access
ISDMAI capability of the IM6100 family, is shown in Figure
11. The IM6102 MEDIC allows DMA during bus-idle
processor cycles, so the transfer takes no extra time. The
current address and extended current address registers of
the IM6102 control the memory location to which the data
will be sent, and the STTS output of the ICL7104allows data
transfer only when the converter is not updating information.
The ECA register is used to drive the byte select lines ICA
should be set to 7777, and WC to 21and the User Pulse
controls Chip disable GElDS. A more fully loaded system
can use address latches for CA. A DMA system can also be
set up on the MCS-8 system using the DMA controller, 8257,
and the three state outputs of the ICL7104.
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It is possible using the three state output capability, to
connect the ICL7104 directly onto many microprocessor
busses. Examples of this are shown in Figures 12and 13.It is
necessary to consider the system timing in this kind of
application, and careful study should be made of the
required set-up times from the microprocessor data sheets.

Note also the drive limitations on long busses.Generally this
type of circuit is only favored if the memory peripheral
address density is low, so that simple redundant address
decoding can be used. Interrupt handling can require multiple
external components also, and use of an interface device is
normally advisable if this is needed.



3. HANDSHAKE MODE INTERFACE
Entry into the handshake mode will occur if either of two
conditions are fulfilled; first, if new data is latched Ii.e, a
conversion is completed! while MODE pin 127>is high, in
which case entry occurs at the end of the latch cycle; or
secondly, if the MODE pin goes from low to high, when entry
will occur immediately lif new data is being latched, entry is
delayed to the end of the latch cycle). While in the handshake
mode, data latching is inhibited. and the MODE pin is
ignored. INote that conversion cycles will continue in the
normal manner!. This allows versatile initiation of handshake
operation without danger of false data generation; if the
MODE pin is held high, every conversion lather than those
completed during handshake operationsl will start a new
handshake operation, while if the MODE pin is pulsed high,
handshake operations can be obtained "on demand."
During handshake operations, the various "disable" pins
become output pins, generating signals used for the
handshake operation. The Send ENable pin ISEN)Ipin 291is
used as an indication of the ability of the external device to
receive data. The condition of the line is sensed once every
clock pulse,and if it is high,the next lor firstl byte is enabled
on the next rising CL11pin251clock edge, the corresponding
by1edisable line goes low, and the Chip DlsablE/LoaD line
(pin 301 lCE/LDI goes low for one full clock pulse only,
returning high.
On the next falling CL1 clock pulse edge, if SEN remains
high, or after it goes high again, the byte output lines will be
put in the high impedance state lor three-stated off). One half
pulse later, the byte disable pin will be cleared high, and
lunless finishedl the CElLO and the next byte disable pin will
go low. This will continue until all three 12in the case of 12
and 14 bit devicesl bytes have been sent. The bytes are
individually put into the low impedance state i.e.: three-
stated on during most of the time that their byte disable pin is

\
--~~(

low. When receipt of the last byte hasbeen acknowledged by
a high SEN, the handshake mode will becleared, re-enabling
data latching from conversions, and recognizing the
condition of the MODE pin again. The byte and chip disables
will be three stated off, if the MODE pin is low, but held high
by their Iweakl pull ups. These timing relationships are
illustrated in Figure 14.
This configuration allows ready interface with a wide variety
of external devices. For instance, external latches can be
clocked on the rising edge of CElLO, and the byte disables
can be used to drive either load enables, or provide data
identification flags, as shown in Figure 15.More usefully, the
handshake mode can be used to interface with an 8-bit
microprocessor of the MCS-8 group leg. 8048, 8080, 8085,
etc.! as shown in Figure 16. The handshake operation with
the 8255 Programmable Peripheral Interface IPPII is
controlled by inverting its Input Buffer FullllBFI flag to drive
the Send ENable pin, and driving its strobe with the CElLO
line. The internal control register of the PPI should be set in
mode 1 for the port used. If the 7104 is in handshake mode,
and the 8255 IBF fla~ is low, the next word will be presented
to the chosen port, and strobed. The strobe will cause ISF to
rise, locking the three stated byte on. The PPI will cause a
program interrupt in the MCS-8 system, which will result
lafter the appropriate program steps have been executed) in
a "read" operation. The byte will be read, and the IBF reset
low. This will cause the current byte disable to be dropped,
and the next lif anyl selected, strobed, etc., as before. The
interface circuit as shown has the MODE pin tied to acontrol
line on the PPI. If this bit is set always high lor mode is tied
high separatelyl, every conversion will befed into the system
Iprovided that the three interrupt sequences take less time
than one conversion! as three 8-bit bytes; if this bit is
normally left low, setting it high will catse a data
transmission on demand. The interrupt routine can be used

------------_--~o___<>-_-~, •..•( DATA VAUO, STABLE ~-- __ ~----

HANDSHAKE MODe TRIGGEREO BV OR --- THREE STATE HIZ_ --1- THREE STATE W PULLUP

-14, -12 BIT VERSION SHOWN -16 HAS EXTRA (MBEHI PHASE
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to reset the bit, if desired. Note also that the R/H pin is also
shown tied to a control bit so that conversions can be
performed either continuously or on demand under software
control. Note that one port is not used here, and can service
another peripheral device. The same arrangement can again
be used with an 8155 1/0 port and control lines.

Similar methods can be used with other microprocessors,
such as the MC6800 or MCS650Xfamily, as shown in Figure

17, and the Intel MCS4/40 family, as shown in Figure 18.
These both operate almost identically to the method
described above, except that in the former both R/R and
MODE are shown tied high, to avoid using a full port for only
two lines. Any a-bit or wider microprocessor (or mini-
computerl, or narrower devices with 8-bit wide ports (most 4-
bit devices have8-bit wide ports availablel can be interfaced
in a handshake mode with a minimum o.f additional
hardware, frequently none at all.

PARALLEL SERIAL
TO DATA

SERIAL WITH
CONVERTER BYTE

lOAD flAGS

CEllO SEN 0'. CA'

CA2
eRA 1 -- 100-01 I

80521 7104 MC6UO MC6100
8068 o.

PBO-7 MCStiSOX
lS8

H8EN

C81

R/H MODE l8EN MBEN C82
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Figure 18: B052A-7104 to MCS4/40 Microprocessor With Handshake

The handshake mode can also be used to interface with
industry-standard UARTs, such as the IntersillM6402/3 and
the Western Digital TR1602. One method is shown in Figure
19. The arrangement here is such that if the UART receives
any word serially down the Receiver Register Input line<RRIl
the Data Receivedflag (DR)will beset. Since this is tied to the
MODE pin, the current result will be loaded, full handshake
style as before, into the transmitter buffer register, via the
Transmitter Buffer Register Empty fiag ITBRE) and the
TBRhoad lines. The UART will thus transmit the full 18116,
14}bit result in 312,2)8-bit words, together with the requisite
start, stop and parity bits, serially down the Transmitter
Register Output ITRO) line. The DRflag is resetvia DRReset,
here driven by a byte disable line. If we use DR to drive R/R
instead, and use the received data word to drive a
multiplexer, as shown in Figure 20, the multiplexer address
sent to the UART will be selected, and a conversion initiated
of the corresponding analog input. The result will be
returned serially if the MODE pin is tied high. Thus a
complete remote data logging station for up to 256separate
input lines can be controlled and readback through a three
line interface. By adding a duplex or modem, telephone or
radio link control is possible. IFor a fuller discussion of this
technique, see Application Note A025, Building A Remote
Data Logging Stationl.
Alternatively. the data word could be used to select one of
several A/D converters. as shown in Figure 21. The

unselected A/Os all have three stated disable lines as well as
data lines, so provided only one device is selected at a time,
no conflicts will occur. (Note that byte disable lines are
internally pulled-up when not active, so wi]) has no effect
on unselected converters}. Naturally, care must be taken to
avoid double selection errors in the data word, or an address
decoder used. This technique couid also be used to poll
many stations on a single set of lines, provided that the TRO
outputs are either three state or open collector/drain
connections, since only that UART receiving an address that
will trigger an attached converter will transmit anything.

6403
UART

R~R1

RBR.
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4. MISCELLANEOUS TECHNIQUES FOR
PERFORMANCE ENHANCEMENT

This section covers a few techniques, primarily analog. that
can be used to enhance the performance of the ICL8052
<ICL8068111CL7104chip pair for certain applications. Section
4.A. deals with buffer gain, for sensitivity increases of up to
about 5 or 10 to 1, Section 4.B. with a special inter-
connection to allow the maximum rate of conversion with
lower-valued inputs, and Section 4.C. external auto-zero for
extending the benefits of auto-zero operation to preampli-
fiers, etc., to cover specialIZed signal processing or
sensitivity enhancement by 10-100 to 1.

4. A. Buffer Gain
One of the significant contributions to the effective input
noise voltage of a dual slope integrator is the so called auto-
zero noise. At the end of the auto-zero interval, the instan-
taneous noise voltage on the auto-zero capacitor is stored,
and subtracts from the input voltage while adding to the
reference voltage during the next cycle. Although the open
loop band width of the auto-zero loop is not wide, the gain
from the input is very high, and the resulting closed loop
band width to buffer noise is fairly wide. The result is thalthis
noise voltage effectively is somewhat greater than the input
noise voltage of the buffer itself during integration. By
introducing some voltage gain into the buffer. the effect of
the auto-zero noise (referred to the inputl can be reduced to
the level of the inherent buffer noise. This generally occurs
with a buffer gain of between 3 and 10. Further increase in
buffer gain merely increases the total offset to be handled by
the auto-zero loop, and reduces the available buffer and
integrator swings, without improving the noise performance
of the system (see also the appendixl. The circuit
recommended for doing this with the ICL806811CL71o4

is shown in Figure 22. With careful layout. the circuit shown
can achieve effective input noise voltages on the order of 1-
21'V,allowing full 16-bit use with full scale inputs of as lowas
150mV.Note that at this level, thermoelectric EMFs between
PC boards, IC pins, etc., due to local temperature changes
can be very troublesome. Considerable care has been taken
with the internal design of the ICL7104 and the ICL8068
to minimize the internal thermoelectric effects, but device
dissipation should be minimized, and the effects of heat from
adjacent (and not-so adjacent) components must be
considered to achieve full performance at this sensitivity
level.

4. B. Minimal Auto-Zero Time Operation
The A/H pin (pin 281can be used in two basic modes. If it is
held high, the ICL7104-16 will perform a complete
conversion cycle in 131K clock counts Istrictly 217),

regardless of the result value Ifor the -14,2'5 counts, -12, 213
counts).
If, however, the A/H pin (everl goes low between the time of
the zero-crossing and the end of a full 216/14/12 count
reference integrate phase, that phase is immediately
terminated. If it is then held low, the 7104 will ensure a
minimum auto-zero count (of 215/13/11 counts) and then wait
in auto-zero until the AIR pin goes high. On the other hand, if
it goes high immediately subsequent to this minimal auto-
zero count, the 7104 will start the next conversion after the
least permissible time in auto-zero; i.e., at the maximum
possible rate. The necessary "activity" on the AIR pin can be
readily provided by tying it to the clock out pin (pin 26l.
Obviously under these conditions, the conversion cycle time
depends on the result. Also note the scale factor and auto-
zero effects covered in the Appendix.



4. C. External Auto-Zero
In many systems, signal conditioning is required in front of
the converter for preamplification, filtering, etc., etc. With the
exception of buffer gain, discussed in Section 4.A.above, it is
generally not possible to include these conditioning circuits
in the auto-zero loop. However, a sample-and-difference
circuit keyed to the auto-zero phasecan be used to eliminate
offset and similar errors in preamplifiers, multiplexers, etc. A
suitable circuit for asimple system isshown in Figure 23.The
ICL8053 is used as a switch here primarily because of its
extremely low charge injection (typically well below 10pCI,
even though it does limit the analog swing to ±4V. The useof
an IH191 or IH5043 avoids this restriction, but increases the
charge injection. The circuit of Figure 24 includes some
balancing, but still injects typically 60pC (or 150pC for a
DG1911.Note that all these circuits have some sensitivity to
stray capacitance at the converter input node. The
amplifying or conditioning stages indicated in both these
circuits must be capable of passing the chopping frequency
with small enough delay, rise time, and overshoot to lead to
insignificant error. Filtering should be done before or after
the switching devices. Note aiso that although the input
signal isstill integrated overthe normal time period, the input
reference level is not. The time constant of the hold capacitor
charging circuit should take noise and interference effects
into consideration.
For a multiplexed input system, an arrangement similar to
that of Figure 25 may be needed with individual precon-
ditioning amplifiers, and Figure 26 with a common precondi-
tioning amplifer. Note that in both of these cases, the
capacitor may be charged to different voltages on each
channel. By putting a capacitor in each line of Figure 25, the
capacitor charging transients are eliminated, but the multi-
plexer capacitance becomes an important source of stray
capacitance.

5. SUMMARY
The list of applications presented here is not intended to be,
nor can it be, eXhaustive,but is intended to suggest the wide
range of possible applications of the ICL8052<1CL806811
ICL7104 chip pair in AID conversion in adigital environment.
Many of the ideas suggested here may be used in combina-
tion; in particular, all the digital concepts discussed in
Sections 2 and 3 can be used with any of the analog
techniques outlined in Section 4, and many of the usesof the
A/H and MODE pins can be mixed.
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APPENDIX A: The Auto-zero Loop Residual; A Relatively
Complete Discussion for those with Strong
Heads

The relevant circuit to be discussed is shown in Figure A1and
the major cycle waveforms in FigureA2. Let us first assumethat
the prior auto-zero cycle has been indefinitely long, or is
otherwise ideal, so that the conversion starts with no residual
error on the auto-zero capacitor. The integrate and deintegrate
cycles will be classically perfect to the point at which a zero
crossing actually occurs (at the output of the integratorl.
However, from this point two delays occur; first the
comparator output is delayed (due to comparator delay) and
secondly the zero crossing is not registered until the next
appropriate clock edge. (For further discussion of this, see
Application Note A017). At this point, the circuit is returned
to the auto-zero connection !logic and switch delays may be
absorbed in comparator delay as far as our discussion is
concerned). The net result is that the integrator output
voltage will have passed the zero-crossing point by an
amount given by

VIres"'" ±VIFS (CD + ex) where 0:5 ex :s 1 (Al)
CFS

is the variable delay, where CDis the fixed delay, CFSis thefull
scale count in units of clock pulse periods, and VIFSis the full
scale integrator swing in volts.

The range of this residual voltage corresponds to the
integrator swing per count, and in independent of input
value, except for polarity. The immediate effect of closing the
auto-zero loop may beseen by examining Figure A3. We may
consider the comparator as acting as an op-amp underthese
conditions: the voltage across the auto-zero impedance is
high, and the (nonlinear) impedance is low; on the other
hand, the initial voltage across the integrating resistor is
zero. Thus the auto-zero capacitor will be charged rapidly to
exactly cancel the residual voltage, as shown in Figure A4.
The output of the integrator is now at the correct position,
but the two inputs are not. The residual voltage will decay
away with a time constant controlled by the integrating
resistor and capacitor, while the auto-zero capacitor is easily
kept in step owing to the high comparator gain. Thus at the
end of the auto-zero time, tAl = CAl tcp, the residual will be
reduced to:

exp( -<:;Al tcp )
RINT C,NT

(cx + CD) c;S exp (~~l~~~Tj
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Now R,NTC,NTis controlled by the buffer swing, VBFS,the
integrator swing, V,FS,and the integration time tiNT= CINTlep,
so that
VBFS/R,NT'tiNT = C,NT VI'S, or RINTC,NT = CINTVBFSlep

V,FS

(
CAZVIFS)

and VAZres = Vires exp - CINTVSFS

This residual voltage on the auto-zero capacitor effectively
increases the magnitude of the input voltage as seen on the
output of the buffer. Thus, converting this voltage to count-
equivalents,

VAZ,", V,FS ( ) (CAZ VIFS)
CAZres = VSFS • CFS = VSFS ex + CD exp - CINT • VSFS

(A4)
Since this voltage also subtracts from the reference, its effect
at the input is magnified in the ratio

CINres = CAbes (CINT + COE ) so that
CINT

CIN,.s= (1 + COE)( V,FS) ( Cx + CD) exp (_ CAZ•VVIFS)
CINT VSFS \ CINT BFS

Note that CDEis equal to the displayed result. (A5)
Two things should be noted here. First, this residual acts to
increase the input voltage magnitude, and secondly, a small
increase in input voltage tends to decrease the magnitude of
the residual (until the result count changes). These effects
lead to "stickyness" in the readings; suppose. in a noise-free
system, that the input voltage is at a level where the residual
is a minimum; the detected zero crossing follows the true one
as closely as possible. A minute increase in input voltage will
cause the zero crossing to be detected one pulse later, and
the residual to jump to it's maximum value. The effect of this
is a small increase in the apparent input voltage; thus if we
now remove the minute increase, the residual voltage effect
will maintain the new higher reading; in fact we will have to
reduce the input voltage by an amount commensurate with
the effective residual voltage to force the reading to drop
back again to the lower value. In more detail, we should
consider the equilibrium conditions on the auto-zero
capacitor. Clearly, the voltage added at the end of reference
integrate must just balance that which decays away during
the auto-zero interval. So far the relationships we have
developed have assumed a zero residual before the
conversion, but clearly in the equilibrium condition the
residual given by equation IA4) remains, and at the end of
conversion, the new amount, given by equation (A 11, is
added to this, so we start the "auto-zero decay" Interval with

VI'S (CI,e,= CAZ,es+ VBFS Cx + cDI (A6)

By combining equations IA4) and (A6) we find, for the
equilibrium condition,

CAZ'e,= ± VVIFS(cx + CD) [exp {+ CAZVVIFS} -1J-1
BFS CINT BFS

Once again, the effect of this at the input is multiplied by the
ratio of total input integrate times, so that, under equilibrium
conditions,

CINres = ± ~ (1
VBFS \

+ CDE) (cx + cDlexp{ CAZVI's} _11-1
C1NT L CINTVBFS J

(A7)

Those expert at skipping to the end of the difficult bit will
recognize that as the final equation, in terms of complexity.
So let us now see what it means. Clearly, the error term is

greater, the larger CDE , and the smaller CAZ For the
C1NT CINT

ICL7104 combinations, land also the ICL7103, and the data
sheet systems for the ICLB053 pairs), these are both worst

case near full scale input, where CDE~2 and CAZ~1. INote
CINT CINT

that the minimum auto-zero time technique of section 48 will

make CAZ=1 for all Input vaiuesl. Substituting these, we find
CINT

the worst case

CIN'es~ ± ~;~ (3)(CX + CD) [exp( ~;~) -1J -1 (AS)

Recall the CDis fixed; and Cx must be between 0 and 1. The
expression is now a function purely of the ratio of integrator
and buffer full scale swings; the relationship is plotted in
Figure A5, and shows the desirability of keeping the
integrator swing higher than the buffer swing. Note also that
the comparator delay (CDin equation lAB))is also effectively
enhanced. This has the effect of shrinking the zero
somewhat more than normally occurs. Since this term
changes sign with polarity, the converter will have a
tendency to keep the current sign at zero input.

1 c~;"
'0

The effects of noise should be mentioned here. The worst
case value of resIdual shown in Figure AS assumes a very
gradual approach to equilibrium, and any noise spike
causing the reading to flash to the next value will destroy all
this carefully established residual value' Thus for any system
with nOise of - 1/3 count or more, the effect is greatly
reduced, and even 1/10 count of noise will restrict the actual
hysteresis value found in practice. The detailed analysis of
the auto-zero residual problem in the presence of
appreciable noise is left as an exercise for the masochist.
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One of the popular pastimes of the nineteen sixties was to
predict the explosive growth of digital data processing,
fed by the newly-developed semiconductor MSI circuits,
and the sUbsequent demise of analog circuitry. The first
part of this prediction has certainly come true -the advent
of the microprocessor has caused, and will continue to
cause, a revolution in digital processing which was
unthinkable 10years ago. But far from causing the demise
of analog systems, the reversehasoccurred. Nearly all the
data being processed (with the notable exception of
financial data) consists of physical parameters of an
analog nature - pressure, temperature, velocity, light
intensity and acceleration to name but a few. In every
instance this analog information must be converted into
its digital equivalent, using some form of AID converter.
Converter products are thus assuming a key role in the
realization 01 data acquisition systems.
I ncreased use 01 microprocessors has also causee
dramatic cost reductions in the digital components of a
typical system. The $8000 mini-computer of a few years
ago is being replaced by a $475 dedicated microproces-
sor board. This trend is also being reflected in the analog
components. No longer is it possible to justify buying a
$400 data acquisition module when a dedicated system,
adequate for the task under consideration, can be put
together for $50.
Thus many engineers, who in the past have had limited
exposure to analog circuitry, are having to come to grips
with the characteristics of AID converters, sample &
holds, multiplexers and operational amplifiers. Contrary
to the propaganda put out by many of the specialty
module houses, there is nothing mysterious about these
components or the way they interface with one another.
Now that many of them are available as one or two chip
MSI circuits, a block diagram may be turned into a
working piece of hardware with relative ease.
The purpose of this note is to compare and contrast the
more popular AID designs, and provide the reader with
sufficient information to select the most appropriate
converter for his or her needs.

THE IMPORTANT PARAMETERS
Let's begin by taking a look at some actual systems, since
this will illustrate the diversity of performance required of
A-to-D converters.

Case 1: A seismic recording truck is situated over a
potential natural gas site. Some 32 recording
devices are laid out over the surrounding area.
An explosive charge is detonated and in a
matter of seconds it is allover. During that time
it is necessary to scan each recorder every 100
microseconds. Speed is clearly the most impor-
tant requirement. In this instance, 12 bit
accuracy is not required; and, since the truck
contains many thousands of dollars of electron-
ics, cost is not a critical parameter. The AID will

be a high speed successive approximation
design.

Case 2: A semiconductor engineer is measuring the
'thermal profile' of a furnace. It is necessary to
make measurements accurate to a few tenths of
a degree Centigrade, which is equivalent to a
few microvolts of thermocouple output.
Sampling rates of a few readings per second are
adequate and costs should be kept low. The
integrating ('dual slope', 'triphasic', 'quad
slope', depending on which manufacturer you
go to) AID is the only type capable of the
required precisionlcost combination. It has the
added advantage of maintaining accuracy in a
noisy environment.

Case 3: A businessman is talking to his sales office in
Rome. Assuming the phone company is not on
strike, his voice will be sampled at a 10KHz rate,
or thereabouts, in order not to lose information
in the audio frequency range up to 5KHz. This
requires a medium accuracy (8 bit) AID with a
cycle time of 100 microseconds or less. In this
application the integrating type is not fast
enough, so it is necessary to use a slow (forthis
approach) successive approximation design.

These examples serve to introduce both the two most
popular conversion techniques (successive approxima-
tion and integrating) and the three key parameters of a
converter, i.e. speed, accuracy and cost. In fact the first
choice in selecting an AID is between successive
approximation and integrating, since greater than 95% of
all converters fall into one of these two categories.

If we look at the whole gamut of available converters, with
conversion speeds ranging from 100ms to less than 1"s,
we see that these two design approaches divide the speed
spectrum into two groups with almost no overlap. (Table
1) However, before making a selection solely on the basis
of speed, it is important to have an understanding of how
the converters work, and how the data sheet specifica-
tions relate to the circuit operation.

Type of Relative Conversion time
converter speed 8 bits 10 bits 12 bits 16 bits

slow 20 ms 30 ms 40 ms 250 ms
integrating medium 1 ms 5 ms 20 ms -

fast 0.3 ms 1 ms 5 ms -

general
purpose 30~ s 40~ S 50~ s -

successive high per-
approxl- formance 10l-lS 15~ s 20~s 400~ S
matlon

fast 5.s 10~s 12~s -
high speed 2.s 4.s 6.5 -
ultra-fast 0.8~s '.5 2.5 -



THE INTEGRATING CONVERTER
Summary of Characteristics

As the name Implies, the output of an integrating
converter represents the integral or average value of an
input voltage over a fixed period of time. A sample-and-
hold circuit, therefore, is not required to freeze the input
during the measurement period. and noise rejection is
excellent. Equally important, the linearity error of inte-
grating converters is small since they usetimeto quantize
the answer - it is relatively easy to hold short-term clock
jitter to better than 1 In 10'.

The most popular integrating converter uses the dual-
slope principle, a detailed description of which is given in
Ref. 1

Its advantages and disadvantages may be summarized as
follows:

Advantages:
Inherent accuracy
Non-critical components
Excellent noise rejection
No sample & hold required
Low cost
No missing codes

Disadvantages:
Low speed (typically 3 to 100

readings/sec)

In a practical circuit, the primary errors (other than
reference drift) are caused by the non-ideal characteris-
tics of analog sWitches and capacitors. In the former,
leakage and charge injection are the main cUlprits; in the
latter, dielectric absorption is a source of error. All these
factors are discussed at length in Ref. 1.

A well-designed dual slope circuit such as Intersil's
8052N7103A is capable of 4'/z digit performance (± 1 in
:!: 20,000) with no critical tweaks or close tolerance
components other than a stable reference.

Timing Considerations
In a typical circuit, such as the 8052N7103A referred to
above, the conversign takes place in three phases as
shown in Fig 1. Note that the input is actually integrated or
averaged over a period of 10,000 clock pulses (or83.3 ms
with a 120 KHz clock) within a conversion cycle of 40,000
clock pulses in toto. Also note that the actual business of
looking at the input signal does not begin for 10,000 clock
pulses, since the circuit first goes into an auto-zero mode.
For a 3';' digit product, such as the 7101 or 7103, the
measurement period is 1000 clock pulses (or 8.33 ms with
a 120 KHz clock).

These timing ch~racteristics give the dual slope circuit
both its strengths and its weaknesses. By making the
signal integrate period an integral number of line
frequency periods, excellent 60Hz noise rejection can be
obtained. And of course integrating the input signal for
several milliseconds smoothes out the effect of high
frequency noise.

But in many applications such as transient analysis or
sampling high frequency waveforms, averaging the input
over several milliseconds is totally unacceptable. It is of
course feasible to use a sample & hold at the input, but the
majority of systems that demand a short measurement
window also require nigh speed conversions.

PHASE I --I---- PHASE Il~-- PHASE III --

AUTO ZERO I SIGNAL I REFERENCE INTEGRATEI INTEGRATE I
I I
I I
I I

I
I
I
I

L.Ii...rt. ~ __ JUUl..fUL. _
• --...---- I •

10.000 CLOCK 10.000 CLOCK UP TO 20.000
PULSES PULSES CLOCK PULSES

THE SUCCESSIVE APPROXIMATION CONVERTER
How It works.

The heart of the successive approximation AID is a
digital-to-analog converter (DAC) in a feedback loop with
a comparator and some clever logic referred to as a'suc-
cessive approximation register' (SAR). Fig 2 shows a
typical system. The DAC output is compared with the
analog input, progressing from the most significant tit
(MSB) to the least significant bit (LSB) one bit at a time.
The bit in question is set to one. If the DAC output is less
than the input, the bit in question is left at one. If the DAC
output is greater than the input, the bit 's set to zero. The
register then moves on to the next bit. At the completion of
the conversion, those bits left in the one state cause a
current to flow at the output of the DAC which should
match IIN within ± '12 LSB. Performing an 'n' bit conver-
sion requires only 'n' trials, making the technique capable
of high ·speed conversion.

o'G'TAl J
OUTPUT 1

The advantages and disadvantages of successive approx-
imation converters may be summarized as follows:

Advantages:
Hi Speed
(Typically 100,000 conversions/sec)
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Disadvantages:
Several critical components
Can have missing codes
Requires sample and hold
Difficult to auto-zero
High cost

Error Sources

The error source in the successive approximation con-
verter are more numerous than in the integrating type,
with contributions from both the DAC and the compara-
tor. The DAC generally relies on a resistor ladder and
current or voltage switches to achieve quantization. Main-
taining the correct impedance ratios over the operating
temperature range is much more difficult than maintain-
ing clock pulse uniformity in an integrating converter.

The data sheet for a hypothetical AID might contain the
following accuracy related specifications:

Resolution
Quantization Uncertainty:
Relative Accuracy
Differential Non Linearity.
Gain Error
Gain Temp. Coeff.

10 Bits
± 'h LSB
± 'h LSB
± 'h LSB

Adjustable to zero at 25°C
± 10 ppm of Full Scale
Reading 1°C
Adjustable to zero at 25° C
± 20 ppm of Full Scale
Reading 1°C

Offset Error
Offset Temp. Coeff.

Now, referring to the definition of terms on page 6, what
does this tell us about the product? First of all, being told
that the quantization uncertainty is ± '/2 LSB is like being
told that binary numbers are comprised of ones and zeros
- it's part of the system. The relative accuracy of ± 'h LSB,
guaranteed over the temperature range, tells us that after
removing gain and offsel errors, the transfer function

never deviates by more than ± 'h LSB from where it
should be. That's a good spec., but note that gain and
offset errors have been adjusted prior to making the
measurement. Over a finite temperature range, the
temperature coefficients of gain and offset must be taken
into account.

The differential non-linearity of ± 'h LSB maximum is also
guaranteed over temperature: this ensures that there are
no missing codes.

The gain temperature coefficient is 10ppm of FSRper °C,
orO.001%per °C. Now 1 LSB in a 10 bit system is 1 part in
1024, or approximately 0.1%. So a 50°C temperature
change from the temperature at which the gain was
adjusted (i.e. from +25°C to +75°C) could give rise to ± 'h
LSB error. This error is separate from, and in the limit
could add to, the relative accuracy spec.
The offset temperature coefficient of 20 ppm per °C give
rise to ± 1 LSB error (over a+25°C to +75°C range) by the
same reasoning applied to the gain tempco. The
reference contributes an error in direct proportion to its
percentage change over the operating temperature
range.
We can summarize the effect of the major error sources:

Relative Accuracy ± 'h LSB or ± .05%
Gain Temp. Coefficient ± 'hLSB or ± .05%
Offset Temp. Coefficient ± 1LSB or ± 0.1%

A straight forward RMS summation shows that the AID is
10 bits ± 1V. LSB over aO°C to +75°C temperature range.
However it is over-optimistic to RMS errors with such a
small number of variables, and yet we do know that the
error cannot exceed ± 2 LSB. A realistic estimate might
place the accuracy at 10 bits ± 1'h LSB.
Timing Considerations

The 2502/2503/2504 successive approximation register is
now used in the majority of high speed AID converters
and the timing diagram shown in Fig. 3 is taken from the

o,==::J
05==::J
o:==::J
o,==::J
o,==::J
o,==::J
oo==::J

COCN;;:~~~~==::J
SERIAL DATA
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2502 data sheet. However all successive approximation
converters have essentially similar timing characteristics.
Holding the start input Low for at least a clock period
Initiates the conversion. The MSB is set low and all the
other bits high for the first trial. Each trial takes one clock
period, proceeding from the MSB to the LSB.Notethat, in
contrast to the integrating converter, aserial output arises
naturally from this conversion technique.

Although the successive approximation AID is capable of
very high conversion speeds, there is an important limi-
tation on the slew rate of the input signal. Unlike inte-
grating designs, no averaging of the input signal takes
place. To maintain accuracy to 10 bits, for example, the
input should not change by more than ± 'hLSB during the
conversion period. Fig 4(a) shows maximum allowable
dVldt as a function of sampling (or aperture) time for
various conversion resolutions. Now for a sinusoidal
waveform represented by Esin wt, the maximum rate of
change of voltage ~e/~t is 27TIE.The amplitude of one V,
LSB is El2n, since the pk-pk amplitude is 2E. So the
change in input amplitude ~e is given by:

~e ; E/2n ; 2 7TIE ~T ,where ~T ; conversion time

1
fmax; 27T~T2n

.
"«,
~ lOOns

01 n.
o lV m. 10V m. lV $

lV m. 0 IV .. S 10V

RATE Of CHANGE (dV dlJ

'"
Figure 4: Maximum Input signal rate change (a) and sinewave
frequency (b) as a function of sampling or aperture time for
~ '-'2 LSB accuracy in 'n' bits.

This is the highest frequency that can be applied to the
converter input without using a sample and hold. For n =
10 bits, ~T ; 10 I'S, J max; 15.5Hz. Frequencies this low
often come as a surprise to first time users of so-called
high speed AID converters, and explain Whythe majority
of non-integrating converters are preceded by asample &
hold. Fig. 4(b) plots equation (1) for a range of ~ T values.
Note that when a sample & hold is used, ~ T is the
aperture time of the S & H. With the help of a $5 sample &
hold such as Intersil's IH5110 (worst case aperture time;
200 ns), fmax In the above example becomes 780 Hz.
ConSideration must also be given to the input stage time
constant of both the sample & hold, if there is one, and the
converter. The number of time constants taken to charge
a capacitor within a given percentage of full scale is
shown in Fig 5. For example, consider a product with a 10
pF input capacitance driven by asignal source impedance
of lOOK!!. For 12bit accuracy, at least9 time constants, or
9 I' s, should be allowed for charging.
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Figure 5: Voltage across a capacitor (as % of final value) as a
function of tIme (H of tlme constants)

CONVERTER CHECKLIST
In selecting a converter for aspecific application, it will be
helpful to go through the following checklist, matching
required performance against data sheet guarantees:
a) How many bits?
b) What is total error budget over the temperature

range?
c) What is full scale reading and magnitude of LSB?

Make sure that the 95%noise is substantially lessthan
the magnitude of the LSB. If no noise specifications
are given, assume that the omission is intentional!

d) What input characteristics are required?
With most successive approximation converters, the
input resistance is low ( = 5KIl) since one is looking
into the comparator summing junction. In a well
designed dual slope circuit, there should be a high
input resistance buffer (Rin = 10" III included within
the auto-zero loop. However in some designs
(Teledyne 8700, Analog Devices AD7550) the input
looks directly into the integrating resistor (1 Mil).

e) What aperture time (or measurement window) is
required?
If an averaged value of the input signal (over some
milliseconds) is acceptable, use an integrating
converter. Refer to Fig. 4 for systems where an
averaged value of the input is not acceptable.
Remember most successive approximation systems
rely on a sample & hold to 'freeze' the input while the
conversion is taking place. Thus the sample & hold
characteristics should be matched to the input signal
slew rate, and the AID converter characteristics
matched to the required conversion rate.

f) What measurement frequency is required?
This will determine the maximum allowable
conversion time (including auto-zero time for inte-
grating types).

gl Is microprocessor compatibility important?
Some AID's interface easily with microprocessors;
others do not. Ref. 2 explores the microprocessor
interface in considerable depth.
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h) Does the converter form part of a mUltiplexed data
acquisition system?
Note that some integrating converters (Motorola
MC14433) assesspolarity basedon the input voltage
during the previous conversion cycle. Such designs
are clearly unsuitable for multiplexed inputs where
the signal polarity bears no relationship to the
previously measured value. They can also give
trouble with inputs hovering around zero.

i) Is 60Hz rejection important?
If the line frequency rejection capabilities of the inte-
grating converter are important, make sure that the
duration of the measurement (input integrate) period
is a fixed number of clock pulses. In some designs,
the input integration time is programmed by the auto-
zero information, making rejection of specific
frequencies impossible.

The foregoing discussion hassummarized the character-
istics of AID converters as stand-alone components.
However, one of the most important applications for A/Os
is as part of a multiplexed data acquisition system. Tradi-
tionally, systems of this type have used analog signal
transmission between the transducer and a central multi-
plexer/converter console. (Fig 6a) To sample 100 data
poinfs 25 times per second requires a 100 Input analog
multiplexer and an AID capable of 2500 conversions per
second. A successive approximation converter would be
the obvious choice.

Another approach, which becomes attractive with the
availability of low cost IC converters, is to use localized
A/D conversion with digital transmission back to acentral
console. I n the limit one could use a converter per trans-
ducer, but it is often more economical to have a local
conversion station servicing several transducers (Fig 6b).
Several advantages result from this approach. Firstly,
digital transmission is more satisfactory in a noisy
environment, and lends itself to optical isolation
techniques better than analog transmission. Secondly,
using local conversion stations significantly reduces the
number of inferconnects back to the central processor.
When one considers that the instrumentation for a typical
power plant uses4.5 million feet of cable, this can result in
real cost savings. Finally, by sharing the conversion
workload among several A/Os, it is frequently possible to
switch from a successive approximation to a dual s10pe
design.
An example of a local conversion station featuring an
8052/7103 dual slope AID, a CMOS multiplexer, and an
UART for serial data transmission is discussed in Ref 2.
The local conversion station concept can be taker a stage
further by the addition of a microprocessor. This may be
used to reduce the data prior to transmission to the
central computer, and/or to look for dangerous
conditions, for example.



Quantization Error. This is the fundamental error
associated with dividing a continuous (analog)
signal into a finite number of digital bits. A 10 bit
converter, for example, can only identify the input
voltage to 1 part in 2", and there is an unavoidable
output uncertainty of ± '" LSB (Least Significant
Bit). See Fig. 7
Linearity. The maximum deviation from a straight
line drawn between the end points of the converter
transfer function. Linearity is usually expressed as a
fraction of LSB size. The linearity of a good
converter is ± 'h LSB. See Fig. 8.
Oillerential Non-Linearity. This describes the
variation In the analog value betweenadjacent pairs
of digital numbers, over the full range of the digital
output. If each transition is equal to 1 LSB, the
dillerential non-linearity is clearly zero. If the
transition is 1 LSB ± '" LSB, then there is a
differential linearity error of ± '" LSB, but no
possibility of missing codes. If the transition is 1
LSB ± 1 LSB, then there is the possibility of missing
codes. This means that the output may jump from.
say 011 .... 111 to 100. . 001, missing out 100
.... 000. See Fig. 9.

Relative Accuracy. The input to output error as a
fraction of full scale. with gain and offset errors
adjusted to zero. Relative accuracy is a function of
linearity, and is usually specified at less than ± '"
LSB.

Gain Error. The difference in slope between the
actual transfer function and the ideal transfer
function, expressed as a percentage. This error is
generally adjustable to zero by adjusting the input
resistor in a current-comparing successive
approximation A/D. See Fig. 10.

Gain Temperature Coellicient. The deviation from
zero gain error on a 'zeroed' part which occurs as
the temperature movesaway from 25°C. SeeFig. 10.

Offset Error. The mean value of input voltage
required to set zero code out. This error can
generally be trimmed to zero at any given tempera-
ture. or is automatically zeroed in the caseof a good
integrating design.
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In many applications, the limitati<;>nin the performance of
any system lies in how the individual components are
used. The Analog-to-Digital Converter (A/D) can also be
considered as a co;"ponent and, therefore, proper design
procedures are necessary in order to obtain the optimum
accuracy. Intersil IC NO converters are inherently
extremely accurate devices. To obtain the optimum per-
formance from them, care should be taken in the hook-up
and external components used. Test equipment used in
system evaluation should be substantially more accurate
and stable than the system needs to be. The following
sections illustrate DO's and DON'Ts to obtain the best
results from any system.
1. DONT INTRODUCE GROUND LOOP ERRORS
Plan your grounding carefully. Probably the most
common source of error in any Analog-Digital system is
improper grounding. Let's look at Fig 1. All the grounds
are tied together, so everything should be alright, right?
WRONG' Almost everything is wrong with this
connection.

The power supply currents for the analog and digital
sections, together with the output or display currents, all
flow through a lead common to the input. Let us analyze
some of the errors we have introduced. The average
currents flowing in the resistance of the common lead will
generate a D.C. offset voltage. Eventhe autozero circuit of
an integrating AID converter cannot remove this error.
But, in addition, this current will have several varying
components. The clock oscillator, and the various digital
circuits driven from it, will show supply current variation
at the clock frequency, and usually at submultiple also.
For a successive approximation converter, these will
cause an additional effective offset. For an integrating
converter. at least the higher frequency components
should average out. In some converters. the analog
supply currents will also vary with the clock (or a sub-
multiple) frequency. If the display is multiplexed, that
current will vary with the multiplex frequency, usually
some fraction of the clock frequency. For an integrating
converter, both digital and analog section currents will

change as the converter goes from one phase of conver-
sion to another. (Currents of this type injected into an
autozero loop are particularly obstinate). Anotherserious
source Qf variation is the change in digital and display
section currents with the result value. This frequently
shows up as an oscillating result, and/or missing results;
one value being displayed displaces the effective input to
a new value, which is converted and displayed, leading to
a different displacement, a new value and so on. This se-
quence usually closes after two or three values,which are
displayed in sequence.
A more subtle source of errors in this circuit comes from
the clock oscillator frequency. For an integrating con-
verter, variations in clock frequency during a single con-
version cycle due to varying digital supply voltage or
supply currents, or ground loops to a timing capacitor,
will lead to incorrect results.
Fig 2 shows a much better arrangement. The digital and
analog grounds are connected by a line carrying only the
interface currents between sections, and the input section
is also tied back by a low-current line. The display-current
loop will not affect the analog section and the clock
section is isolated by a decoupling capacitor. Note that
external reference return currents and any other analog
system currents must also be returned carefully to analog
ground.

2. DON'T COUPLE DIGITAL SIGNALS INTO
ANALOG LINES

Although Intersil's AID converter circuits have been
designed to minimize the internal coupling of digital
signals into analog lines, the external capacitive coupling
is controlled by the user. For the best results, it is ad-
visable to keep analog and digital sections separatEldon
PC boards. A few examples of the results of capacitive
coupling follow.
On dual slope converters, the "busy" line swings from one
state to the other at the end and beginning of the auto-
zero cycle. Capacitive coupling from this line to the auto-
zero or integrating capacitors will induce an effective
input offset voltage. A similar effect occurs with the



"Measure/Zero" line on charge-balancing converters and
for a successive approximation converter with coupling
between "End of Conversion" and a sample-and-hold
capacitor. For a multiplexed display device, coupling
between the multiplex or "digit" lines and these capaci-
tors can lead to non-linearity of the converter. And
coupling from any digital line into a high-impedance input
line can lead to errors in any system.

3. DO USE ADEQUATE QUALITY COMPONENTS
For successive approximation converters, the resistors
used must have excellent time and temperature stability
to maintain accuracy. Any adjustment potentiometers,
etc. must be of compatible quality (note that in some
trimpots, the slider position moves with temperaturel)

For dual slope converters, the component selection is less
critical. Long term drifts in the integrating resistor and the
capacitors are not important. However, any resistive
divider used on the reference, especially if it is adjustable,
must be of sufficient stability not to degrade system
accuracy. Dielectric absorption in the integrating capaci-
tor is important (see reference 1) and the integrating
resistor must have a negligible voltage coefficient to
ensure linearity. Noisy components will lead to noisy
performance. whether in the integrator, autozero or clock
circuits.

4. DO USE A GOOD REFERENCE
Good references are like good wines: nobody is quite sure
how to make them but generally the older the technology
used, the better the result, and the proof lies in the tasting
(or testing). Thus, it is hard to beat the old temperature
compensated zener with the current flow adjusted to the
optimum for each diode. If you aren't into Zinfandel
Superior Premier Cru (1972), the Intersil8052 has a fairly
good reference built in. In either case, the division down
from what you get to the required reference voltage
requires care also (seeabove). And it is a fundamental fact
that no converter can be better than its reference voltage.

5. DO WATCH OUT FOR THERMAL EFFECTS
All integrated circuits have thermal time constants of a
few milliseconds to dissipation changes in the die. These
can cause changes in such parameters as offset voltages
and Vbe matching. For example. the power dissipation in
an 8018 quad current switch depends on the digital value.
Although the die is carefully designed to minimize the
effects of this, the resultant temperature changes will
affect the matching between current switch values to a
small degree. Inappropriate choice of supply voltages and
current levels can enhance these differences, leading to
errors. Similarly, the power dissipated in a dual-slope
converter circuit depends on the comparator polarity and
hence varies during the conversion cycle. Offset voltage
variations due to this cannot be autozero'd out, and so can
lead to errors. Again a poor choice of comparator loading
or swing will enhance this (normally) minor effect. The
power dissipation in an output display could be coupled
into the sensitive analog sections of a converter, leading
to similar problems. And thermal gradients between IC
packages and PC boards can lead to thermo-electric
voltage errors in very sensitive systems.

6. DO USE THE MAXIMUM INPUT SCALE
To minimize all other sources of error, it is advisable to
use the highest possible full scale input voltage. This is
particularly important with successive approximation
converters, where offset voltage errors can quickly get
above 1LSB, but even for integrating-type converters,
noise and the various other errors discussed above will
increase in importance for lower-than-maximum full
scale ranges. Pre-converter gain is usually preferable for
small original signals. Allintersil's integrating converters
have a digital output line that can be used to extend auto-
zero to preconditioning circuits (being careful not to
couple the digital signal into the analog system, of
course).
Also, DO CHECK THESE AREAS
Tie digital inputs down (or up) if you are not using them.
This will avoid stray input spikes from affecting operation.
Bypass all supplies with a large and a small capacitor
close to the package. Limit input currents into any I.C. pin
to values within the maximum rating of the device (or a
few mA if not specified) to avoid damaging the device.
Ensure that power supplies do not reverse polarity or
spike to high valueswhen turned on or off. Remember that
many digital gates take higher-than-normal supply
currents for inputs between defined logic levels. And
remember also that gates can look like amplifiers under
these circumstances. An example is shown in Fig3, where
stray and internal input-to-output capacitance is
multiplied by the gain of the gate just at the threshold
causing a large effective load capacitance on the 8052
comparator (see reference 1 forthe effects of this.) A non-
inverting gate here could lead to oscillations.

External Adjustment Procedure
Most of the AID converters now offered by Intersil do not
require an offset adjustment. They have internal auto-
zero circuits which typically give lessthan 10 J'. V of offset.
Therefore, the only optional adjustment required to
obtain optimum accuracy in a given application is the full
scale or gain reading.

With the AID converter in a continuous mode of conver-
sion, the following procedure is recommended: The full
scale adjustment is made by setting the input voltage to
precisely'" LSB less than full scale or 'h LSB down from
nominal full scale. (Note that the nominal full scale is
actually never reached but is always one LSB short).
Adjust the full scale control until the converter output just
barely switches from full output to one count less than full
output.
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Graphs give aperture time
required for a-d conversion

method, the aperture time may be 40 microseconds for
a relatively low-cost 12-bit converter, or as little as 4 p.s
for a more expensive high-speed 12-bit converter. In
many cases a sample-hold circuit is used ahead of an a-
d converter to effectively reduce the aperture times; the
sample-hold can take a very fast sample of the analog
signal and then hold the value while the a-d operation is
performed. (The time interval during which the signal-
hold circuit turns off is then the aperture time, and de-
termines the conversion accuracy. The time for actual
a-d conversion can be longer.)

It is important for the designer to know what aperture
time is required to keep the system error to a tolerable
value in terms of the resolution of his a-d coverter. The

The time required for an analog-to-digital converter to
make a conversion is known as "aperture time," and de-
pends on both the resolution and the particular conver-
sion method employed. For commercially available a-d
converters that use the successive approximation

1. Sampling time. Aperture time for l~bit accuracy at various resolutions in a-d conversion afe shown here. Graph (a) gives aperture time
as a function of signal rate of change for signals that are 10 volts full scale or 10 volts peak to peak. Graph (b) gives aperture time as a func-
tion of frequency for sinusoidal signals. Aperture times for larger allowed error can be found by reading on line for lower resolution. e.g., a 2·
bit error and a-bIt resolution reqUIres the same time as a I-bit error and 7-bit resolution. Equations for these graphs are found in text.



2. Error. Possibility of error in a-d conversion depends upon aper-
ture time. The greater tA is, the greater the uncertainty in value of an
analog voltage that has been converted 10digi1allevel.

maximum aperture time that allows I-bit accuracy in
conversion of an analog signal to 4 bits, 6 bits,. . or
16 bits is given here in two useful graphs. The graph in
Fig. I(a) shows this aperture time as a function of signal
rate of change, for signals that are 10 volts full scale or
peak to peak. Fig. I(b) gives the aperture time as a
function of the frequency of a sinusoidal signal.

The two graphs are derived with reference to Fig. 2,
which shows a time-varying signal and the amplitude
uncertainty tJ.V associated with an aperture time tA

IA = tJ. V/(dV/dl)

If the fractional error e is the ratio of tJ.V to full-scale
voltage VFS,

IA = (e VFs)/(dV/dl)

If tJ.V is held to I bit, and VFS is resolved into n bits,
then e = 1I(2n), and

IA = VFs/2n(dV/dl)

This is the equation for the family of lines in Fig. I(a),
with VFS = 10volts and n = 4,6, ... 16.

For a sinusoidal signal, which has a maximum rate of
change at its zero crossing,

tJ.V = IA [d/dl(0)(Vsin WI)lt-o = wVIA/2

where V is peak-to-peak signal value. This gives

IA = (2tJ.V)/(wV) = el1rf= l/(2n"'j)
for a I-bit error and n-bit resolution. This is the equa-
tion for the family of lines in Fig. I(b). . .

If the allowed error is to be 2 bits illstead of I bIt,
then e = 2I(2n), so aperture times are doubled. An error
of 3 bits gives e = 4/(2n), and so on; thus a I-bit in-
crease in error is equivalent to a I-bIt decrease ill reso-
lution on the graphs.

As an example of the usefulness of these graphs,. as-
sume that a I-kilohertz sinusoidal signal IS to be digIt-
ized to a resolution of 10 bits. What aperture time must
be used to give less than I bit of error? The answer,
readily found from Fig. I(b), is 320 nanoseconds. For"
bit error the aperture time would have to be 160 ns.
This is surprising, because a I-kHz sIgnal IS really not
very fast, and a 10-bit/320-ns converter IS not to be
found commercially available as a module. Therefore, a
sample-hold circuit would be required ahead of a
slower a-d converter. 0
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Linking the analog world
to digital computers
The link is made with devices such as analog-to-digital and
digital-to-analog converters. Learn how they're used
and what they can do for control systems.

Eugene L Zuch,
Datel Systems,Inc., Canton, Mass.

Data conversion devices link the real world of analog physical
parameters "" ilh the artifidal world of digital computers
They are used in many industries in a wide variety of appli-
cations. including data lelemetf}, automatic process control,
test and measurement, computer display, digital panel meters
and multimeters, and voice communications, as well as in re-
mote data recording and video signal processing. The devices
include not only analog-to-digital (A/D) converters and digital-
to-analog (D/ A) converters, but also a number of auxiliary
components-analog multiplexers, sample-holds and variol1S
amplifiers and filters

To get acquainted with data conversion, let's first look at
where the various data conversion components fit in a control

system and then what type of data converter will meet system
requirements of speed. cost, or accurac~.

In a typical automatic chemical process control system (Fig.
1), the chemicals in a vat must be mixed according to a pre-
scribed temperature-pressure-time relationship stored in the
computer's memory. The state of the process is sensed by two
transducers connected to the vat: a temperature transducer,
such as a thermocouple, and a pressure transducer.

The transducer outputs are low-level signals, which must
be amplified before further processing can be done. Each am-
plifier output is filtered to remove noise from the signal and
prevent errors in the sampling process. A multiplexer then al-
ternately samples the temperature and the pressure. Since

Bil is a binary digit consisting of a "1" or "0".
R•••• lulion is the smallest change that can be dis-
tinguished by a converter (in bits or percent).

Resolution (bits)
4
6
8

10
12
14

Accuracy
6%

1.5%
0.4%
0.1%
0.02%
0.006%

Nonlln•• r1ty is the maximum deviation of a con-
verter response from an ideal straight line (ex-

pressed in bits or percent).
Monotonicity is when the converter output always
increases for increasing input.
Quantizing Error is the basic uncertainty associ-
ated with digitizing any analog signal value.
Converaion Rete is the number of complete con-
versions per second executed by an AID or 01A
converter,
Relative Accuracy is the input to output error of a
data converter as a percent of full scale.
Ab80lule Accuracy is the input to output error, as a
percent of full scale, referred to the NBS standard
volt.
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there arc just two channels in this example. a simple llIulti-
plexer acts like a single pole double throw switch. Both the
temperature and the pressure arc slowly chall~illg variablt·s so
it is not necessary to monitor them continuollsly.

The multiplexer output goes to a sample-hold circuit.
which stores the analog value between samples. and holds the
value long enough for the ~/D converter to ('oliveri it to digi-
tal data. The digital output of the AID converter enters the
computer via a bidirectional data bus line. An additional cir-
cuit controls the timing of the various opt'rations of the sys-
tem.

The l'ompulef fecl'iV('S the input tt'lllpt.·raturc ami pressure
data and ('ol1lpares it to lhl' desired valut' stored ill memory.
It then computes corredioll data which it fet'ds out to the 0/ A
converters over the data bus. Tht, CtHlVt'rters drive the ;'letlla-
tors, which' control the Systt'lll directly. This closes the fe('d-
back loop.

What types of conversion
\Vhen looking at converters )llll 1I1l<.Iollbtedly rlill illto the

tt'nus dual slope, successive approximatio(l and parallel. to
cite the most common on{'s. Wlwn you a~k ) our '\t'ndor "hat
these terms mean to you and )our system, you 1II0rt' than
Ii\...cly get a long winded technical dis~crtationl Wllat you
prnbahl~ want to know i~ what are thl' hasic operating c1ifft'r-

cnces, If you want lIlore details after reading this article,
handbooks with this type of information are available from
many manufacturers, including us.

Many conversion t{'chniques have been used over the years,
c;'lch striving for a higher degree of accuracy, faster speeds or
all int'xpt.'nsive pricc ta~. Those that have survived and are in
eOllllTIOn IIse today indude: parallel input D/ A, successive ap-
proximation A/D, dual slope A/D, parallel A/D and charge bal-
ancing A/D. Briefly, herc·s what they are and where they fit.

Parallel input DI A
When the terlll 0/ A COllvt'rtt'r (or DAC) is uscd today. it

:.1Utomatkally implies a p;'lralld input n/ A. Tile control out-
Pllts ill Fig. I would liS{' this typt'.

The alternative to the parallel DAC is the serial DAC in which
the output analog value is developed Setluentially, one bit at a
time.

The parallel OAC has ht'('olllc popular for two reasons: it"s
fast and it's compatihle with most digital data today, which is
ill parallel rather than serial form. Output settlin~ time for
tllle of today's O/A CO/lVt.'rt('rs can vary from 20 nanoseconds
(ns) for an ultra-fast CUrTt'lIt output to several mit.·roseconds
(J.'-s) for a volta~e output. At.·curacy depellds 011 the trirnmin~
of tht, resistors used in tht' intt'rnal network. hov. well they
track each other with tcmpt.'rattlre. and the type of c1eetronic
switl'h t1'ied (CMOS. hipoJaror curn'nt source swill'h).

Fig. 1: Dat. cOftwe,.ion in 8 proc••• control .yatem. From the
transducers and thermocouples, the analog data passes
through a filter to a multiplexer. Either signal is amplified, digi-

tized and fed to the computer. The computer calculates the er-
ror and sends back correction signals, which a 01A converter
changes to analog signals that are fed to the control actuator.



Successive approlllm8tion AID conyerter
The most widely used AIDconverter. especially for control

systems, is the successive approximation type. It's accurate
and has a conversion time fast enough to handle a large num.
ber of ehannels. This type would be used in the example in
Fig. 1.

In addition to its use in data acquisition and control sys-
tems, the successive approximation converter is also used for
high speed measurement systems and pulse code modulation
(PCM) systems. For control systems where there may be sev-
eral hundred different paramete~ to measure, its fast ron.
version time makes it ideal. Most 12-bit AID converters of this
type have conversion times from 2 IJ-S up to 50 JlS. The accura.
cy is generally good. although it depends on careful circuit
design.

Dual slope AID conyerter
A slower, althougll more accurate converter, is the dual

slope type. This technique is second in popularity to the suc-
cessive approximation type.

The relative simplicity of the dual slope converter gives it a
high degree of accuracy over hoth time and temperature
changes.

As we said before, dual slope AID converters are, however,
relatively slow-conversion can take anywhere from a few
milliseconds (ms) up to several hundred milliseconds, depend-
ing on the partkular converter design. For this reason, they
an' used where accuracy, not speed, is important-slow data
acquisition and measurement systems, digital multimeters
and digital panel meters.

Parallel AID conyerter
Ultra high speed (.'onversion may require the parallel A D

technique, also known as the "flash" or "simultaneous"
method. But resolution beyond 4 bits is not practical, so this
method is not as frequentl) used as the preceding two.

If a fast H-bit t'onversion is needed, a two-step technique is
used with two four-hit converters. Although low in resolution,
the parallel method is very fast---converting 8 bits in as little
as 50 IlS. This makes parallel AID conversion ideal for video
si~llal processing and radar digitizing applications, but not for
most types of cont rol.

Charge balancing AID conyerter
Low-cost vito' (voltage to frequency) converters and some

AID converters arc using the increasingly popular charge hal-
ancing techllique. As with the dual slope method, its con-
version time is relatively slow and its accuracy depends on a
very linear internal operational integrator circuit.

Like the dual slope method, the charge balancing tech-
nique is relatively noise free. VIF converters, in particular,
have many uses. They are practical, for example, when con-
verting an analog voltage into a train of pulses, which can

e~L
A'D CONVER'-ER
ADC_H)(.'12BGC

__c' ~ ",-

,jn""'" '1rrr

then be transmitted with high noise immunity, to another ID-
eation and then counted. As with the dual slope method, this
method is more practical for slo\-\<crapplications, such as digi-
tal panel meters.

Modules, hybrids and monolithics
Data conversion devices come in a wide assortment of

packages. The highest performance AID or DIA converters are
packaged as discrete modules. The multiplexer, sample hold,
amplifier and the computer interfacing are external to the
module. These would be interconnected, as needed, on print-
ed circuit boards or available as complete modules. Newer hy-
brid microelectronic converters come in small 24- or 32-pin
packages (usually less than 1.1 by 1.7 inches) and provide
high performance conversion as well.

Monolithic integrated circuit converters are small and in-
expensive, although they usually require external amplifiers,
capacitors or resistors. Three types of monolithic converters
are available: parallel 01 A.. dual slope AID and charge balan(.'-
ing A/O.

Packaging of AID converters may be interesting to watch as
the packages shrink, but the most important selection criteria
for control users is speed, accuracy or, in some cases, cost. If
users want to convert digital to analog data, there's hardly a
choice-the parallel 01A (.'Onverter is the answer. For both
speed and accuracy, the successive approximation AID is the
logical choice. Users who want very high resolution, but don't
care much about speed, should look at dual slope AID con-
verters. Extra high speeds require parallel AID converters.
And if low-cost is a consideration, then a charge balancing
type of v/F or Flv converter should be considered .•
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Single hybrid package houses
12-bit data-acquisition system

Handling either 8 differential or 16 single-ended inputs,
device acquires data at 50 kHz or faster from many sources

o The shift from minicomputers to microcomputers in
data processing has been paralleled by the shift from
boards and modules 10 microcircuits in data conversion.
By now, complete microprocessor-compatible data-
acquisition systems are available as single plug-in hybrid
or monolithic components. Eight-bit performance has
been the limit, though, \\ ith the hybrid devices being
much faster though less economical than the monolithic
converters. For 12-bit performance, users have had to
turn back to bulky modules or else interconnect two or
more hybrid circuits.

Getting down 10 one package

But a new 12-bit hybrid data-acquisition system is
offering users the convenience and cost savings or a
single integrated-circuit-compatible package, together
with the high performance and reliability of a hybrid
circuit. Besides multichannel capability, the device
includes address decoding logic, an adjustable-gain

instrumentation amplifier, a sample-and-hold circuit, a
12-bit successive-approximation analog-to-digital con-
verter, control logic, and three-state output buffers for
interfacing with a microprocessor data bus. It is manu-
factured in two versions, the HDAS-8 handling eight
differential inputs and the HDAS-16 handling 16
single-ended inputs.

Housed in a hermetic 62-pin ceramic package, the
device meets all the requirements of MIL-STD-883A,
class B. To shrink its overall size, as well as optimize the
internal layout and make external access easy, the pins
are arranged around all four sides of the package,
instead of in two parallel rows. The use of ceramic
instead of metal keeps cost and especially weight down.

With such a complex hybrid, internal power consump-
tion, of course, must be minimized. An equivalent
modular unit uses about 4.5 watts, which in the hybrid's
62-pin ceramic package would push the temperature at
the chip-mounting surface 50'C above ambient. Since
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the unit must be able to operate at 12S·C ambient. and
silicon semiconductors deteriorate at junction tempera-
tures above ISO·C. the internal temperature ri5e must be
limited to 2S C. Con5iderations of power therefore over-
ride those of space so that. wherever pos5ible, the device
employs bulky tantalum chip capacitors and low-power
transconductance-mode amplifiers, while the digital
control circuitry uses low-power Schottky transistor-
transistor logic only.

1. The device. Hybrid data-acquisition system (a) delivers 12-bit

data for 8 differential or 16 Single-ended input channels. A few simple

connections (b), and the hybrid will automatically address the input

channels sequentially for a system throughput rate of 50 kHz.

Finally, in a move that reduces device complexity as
well as temperature rise, as many of the internal thin-
film resistors as possible arc placed directly on the
ceramic substrate. and not on separate chips of glass,
silicon, or ceramic. With either technique, there will
always be a resistor-to-conductor interface. But making
a resistor part or the substrate eliminates the two wire-
bond interfaces at its terminations, making wire-bond
weakness a less likely cause of failure.

How the device operates

The circuit configuration (Fig. la) for the device is a
fairly common one for a data-acquisition system. At the
front end is an analog multiplexer having either 8 differ-
ential or 16 single-ended channels, which may be
addressed randomly or scanned sequentially. Following
the multiplexer is an instrumentation amplifier that
extracts the input signal from common-mode noise. The
gain of this amplifier is adjustable (through an external
resistor) from I to 1,000, so that the maximum expected
range of the input signal becomes ± 10 volts at the
amplifier output for optimum dynamic range.

A precision sample-and-hold circuit then buffers the
selected signal, holding its level constant during the
actual conversion. The output of the sample-and-hold
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serves as the input to a 12-bit a-d converter, which
produces a binary number that is the digital representa-
tion of the selected analog input. For flexibility in data-
bus organization, three-state logic elements, which are
configured in 4-bit bytes, buffer the digital data output
from the a-d converter.

The hybrid is very easy to use, as is evident from the
simplicity of the circuit (Fig. 1b) needed to acquire eight
differential inputs. A few straightforward connections,
and the HDAS-8 delivers 12-bit binary data at a rate of
50 kilohertz from eight sequentially addressed channels,
each having a ± 10-v signal range. Since no gain resistor
is used, the amplifiers gain is unity. A single strap
selects bipolar operation (+ 10 v), and another strap
from R delay to the + 5-v supply selects the internally
allotted delay time for the multiplexer and the amplifier
to settle.

To obtain continuous scanning of the input channels,
the user need do nothing at all to the address control
inputs. With its end-of-conversion flag tied to the strobe
input, the device will acquire data continuously at the
maximum rate. For self-strobe operation, though, the
rise time (from 10% to 90%) of the + 5-v supply (when
power is first applied or interrupted and then reapplied)
must be less than 10 microseconds, or else a latchup may
occur. For reliable operation, the user should examine
the toc flag and apply a STROBE signal when it is
required. Even supply-bypass components are included
in the package.

Protection

A good 'part of the device's ruggedness is due to
overvoltage protection circuitry for the multiplexer. A
I-kilohm resistor on each channel input limits the
current flowing through protection diodes and, in combi-
nation with stray nodal capacitance, limits the risc time
of large spikes so that the diode can clip them before
they do any damage. Even without using any external
components, protection is assured to 20 v beyond the
± 15-v supply voltages.

Adding a series resistance to each input can increase
protection up to a diode current limit of ± 10 milliam-
peres. But large values of input resistance are not alto-
gether desirable. Besides raising the input noise. they
increase the settling time of the instrumentation ampli-
fier for changing input signals, as well as the multiplex-
er's recovery time from switching transients.

Expanding the channel capacity of the hybrid requires
just one external component, connected as shown in Fig.
2a. This hookup converts the H DAS-16 from a 16-
channel single-ended unit into a 16-channel differential
part. In fact. channels may be added almost without
limit at very little cost. as Fig. 2b illustrates. Here, with
the addition of just 15 multiplexers and one logic device
(a one-of-16 decoder). the H DAS-16 acquires 256 chan-
nels of lo,,-Ievel analog signals. In this application. the
unit compares the outputs from 256 temperature-sensing

2. Easy channel expansion. One external component converts the
HDAS- 16 Into a 16-channel dIfferential part (a). Adding 15 multiplex-

erS and a Single logIC decoder accommodates 256 Input channels
(b) For throughput faster than 50 kHz, more hybnds are needed (c)
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3. Handling high-frequency inputs. To acquire signals beyond the
mid-audio range requires a sample-and-hold circuit for each channel
(a). For a nonrepetitive high-frequency signal, a delay line and a
string of sample-and-holds slice the input into 16 pieces (b).

diodes with the output of a single reference diode.
Indeed, the hybrid is built to be expanded-it can

handle up to 65,536 channels with the addition of only
17 logic circuits. The unit's multiplexer-enable line is
what makes this possible. Left alone, it is high, and the
internal multiplexer is enabled. But when pulled low, it
disables the internal multiplexer and frees the amplifier
input lines for external multiplexer control.

Although the circuit of Fig. 2b is an economical way
to handle 256 channels at a 50-kHZ rate, that throughput
may not be fast enough for some applications. A faster
throughput of 800 kHZ is easily achieved by interleaving
16 hybrids into 256 channels (Fig. 2c). This circuit is
actually just as simple as the slower one, for it still
requires only one external decoder device. Because the
hybrid uses three-state data outputs, all 16 units can be
tied to one data bus and enabled one at a time during the
delay period preceding the ncxt conversion while the
data from the last conversion is still valid.

Both the HDAS-8 and the HDAS-16 are ideally
suited to acquiring data quickly from many sources, with
two provisos: the sources should all have similar maxi-
mum signal levels, and the highest frequency compo-
nents of the signal sources must be in the low audio
range. When the signal sources have dissimilar ranges,
the dynamic range of some signals will be less than
optimum because the gain of the differential amplifier
will be set to accommodate the largest signal range. This
limitation is normally overcome by using prescaling
amplifiers, which also serve as convenient low-imped-
ance signal line drivers and as filter points to reduce
unwanted power-line signals and the like.

Acquiring high-frequency signals

When the signal sources are to contain high-frequency
components that the data-acquisition system must recog-
nize and acquire accurately, a very fast track-and-hold
circuit or, better yet, a true sample-and-hold should
intercept the signal and hold it for a precisely controlled
time. Once the signal has been processed by the multi-
plexer, the amplifier, and so on, its bandwidth and phase
delay are no longer precisely known. Figure 3a shows
one way to do real-time analysis of input signals having
frequencies up to 25 kHZ. With this circuit, to retain
precise information as to the time of sample, 16 fast
sample-and-holds simultaneously sample the input
signals, and the data-acquisition system digitizes the
held analog value on each input channel.

Beyond 25 kHZ, the inability of the hybrid to generate
two data points per cycle of the input signal violates the
Nyquist criteria of signal sampling. When repetitive
events need not be analyzed in real time- for example,
when synchronized sampling heads provide sample
snatches with varying delays-the frequency limit
extends to the bandwidth of the sample-and-hold
circuits. But for real-time analysis of non repetitive
signals, another approach is needed.

Radar pulses are a common example of nonrecurring
pulses that contain critical target data that must be
analyzed in exceedingly fine detail in real time. To
handle them, the HDAS-16 data-acquisition system
requires just a tapped delay line and a string of fast
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4. Putting amplifier gain to work. It is even possible to turn the
HDAS-16 into a 16-bit a-d converter by applying the input signal to

the internal amplifier's inverting input. Here, the amplifier·inpuHow

line is being viewed as a high-impedance, transient-free signal input.

sample-and-holds, as noted in Fig. 3b. In effect. the
sample-and-holds slice the radar pulse into 16 easy-
to-digest pieces, while the delay line causes each
sample-and-hold to retain the analog information at
incremental times following the synchronization pulse.
Meanwhile, the hybrid can address and digitize each
input slice at a comparatively leisurely pace. producing a
12-bit binary word for each of the 16 slices at a word
rate of 50 kHZ. Clearly, there is a limit to the number of
sample-and-hold circuits that may be addressed and
digitized before hold-capacitor droop problems destroy
analog signal accuracy. This limit may be circumvented
by adding more hybrids to the circuit, at any rate until
system cost reaches that of a real-time video converter.

To increase resolution up to 16 bits

Besides being useful as a video a-d converter, the
HDAS-16 may be operated as a 16-bit a-d converter.
Unlike the HDAS-8, in which the two multiplexer
outputs are both committed to the amplifier's inputs, the
HDAS-16 has only one multiplexer output so commit-
ted. It is tied internally to the amplifier's noninverting
(high) input, leaving the inverting (low) amplifier input
for the user to connect, for example, to the signal source
common. (In-any event, the user must of necessity return
eventually the signal source common to the hybrid's
signal or power common.)

Another way of looking at the H DAS-16's amplifier-
input-low line is as a high-impedance transient-free
signal input, as illustrated in Fig. 4. Wired in this way,
the HDAS-16 operates as a 16-bit a-d converter. Fifteen
resistors, precisely matched and equal in value, divide
the internal 10-v ref,erence into 16 equally spaced volt-
ages, so as to bias the input channels into 16 contiguous
windows. The amplifier will only amplify the difference
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5. High gain. In this fast spectrophotometer application for monitor-

ing industrial waste. the hybrid's high-gain capability and adjustable

settling time are exploited. Careful tailoring of delay time versus gain

provLdes best system resolution in terms of data rate needs.

between the input signal and the selected channel volt-
age. (With R gain at 1,333 ohms, amplifier gain is 16.)

Only one channel address will be associated with an
in-range 12-bit data word, and all other channels will
yield all zeros or all ones. When the address of the
selected c~annel is used as the top 4 bits and the result-
ing conversion data as the bottom 12 bits, the HDAS-16
generates a 16-bit complementary binary data word. For
input signals in the audio-frequency range, the channel
address will change by no more than one count from one
conversion to the next, so that no more than two conver-
sions arc ever necessary to obtain valid data. This means
that the HDAS-16 will typically deliver 16 bits in 20
microseconds,or 40 JJS maximum.

When high gain is needed

Some applications require both high gain and multi-
channel capability. However, when the gain exceeds 20,
the hybrid's amplifier needs more than the internally
allotted 9 IJS for settling to within 12-bit accuracy. Even
though the signal inputs may change slowly, the ampli-
fier sees the multiplexer output as a fast-changing step
function, with changes occurring whenever the multi-
plexer address changes.

The amplifier, then, must have enough time to settle
fully in response to these abrupt changes before a
conversion takes place. Suppose, for example, the appli-
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6. Odd. end ends. Charge-pump loop (a) cancels troublesome
offset errors for all time and temperature. A twin circuit could be used

to cancel gain errors also. Register file (b) creates memory location

for HDAS-16, so data access is independent of Ihe hybrid's status

cation calls for a fast spectrophotometer for monitoring
industrial waste or a similar cost-sensitive task. Figure 5
shows one solution utilizing the h}brid's high-gain capa-
bility and its user-adjustable settling delay time. Here.
the outputs of 16 photodiodes. each of which has a
different narrow-band filter, are compared to the output
of an unfiltered white-light reference diode. Since the

photon-induced diode voltage is small, amplifier gain
must be large for a reasonable dynamic range. Instead of
strapping the hybrid's R delay pin directly to the + 5-v
supply, as is usually done, the user may add a series
resistor to increase the delay time between an address
change and the start of a conversion. By carefully tailor-
ing the delay time to the gain, the user can optimize
system resolution versus data-rate needs. Even at a gain
of 1,000, throughput rate will be at least 3.3 kHZ, with
root-mean-square system noise held to less than ,/, least
significant bit.

Dealing with accuracy errors

Many users of data-conversion devices are puzzled by
the seeming inconsistency of specifications for relative
accuracy and absolute accuracy. But distinguishing
between the two is not all that difficult. In brief. relative
accuracy is a measure of a device's differential linearity
and monotonicity, while absolute accuracy reAects the
unit's gain and offset stability. Furthermore, relative
accuracy requires that similar components do the same
thing with time and temperature, whereas absolute accu-
racy requires that a component does not change with
time and temperature-a requirement that Aies in the
face of reality.

As it advances, process technology will continue to
reduce accuracy errors, but it will always come closer to
optimi7ing relative than absolute accurac}. Certain
circuit techniques, however, permit doing away with
absolute-accuracy errors altogether. For example, the
simple one shown in Fig. 6a cancels offset errors, and a
twin circuit could be used to cancel gain errors as well.
This technique uses a charge-pump loop to hold absolute
errors below measurable levels for all time and all
temperatures. When data (offset voltage) appears on
channel zero, the transconductance amplifier receives a
bias-set pulse for 5 /,s. If the data is zero, this amplifier
sinks (or sources in the case of non-zero data) a current
pulse to the integrator that minutely adjusts the hybrid's
zero. At null. there is an imperceptible ± I-pulse hunt
traded off against capture time.

In a microprocessor-based system the time needed to
digitize analog data can become very long with respect
to the processor's cycle time, particularly if the data-
conversion device is a reasonably priced unit. This time
difference causes all sorts of software problems that
require complex interrupt schemes to solve. But, in fact,
the delay is totally unrelated to the need for fully
updated signal data, and the data-conversion device is
usually quite capable of generating digital data at a fast
enough rate to satisfy most signal-analysis requirements.

One simple way to work around the delay is to insert a
multiple-port register file between the data-conversion
device and the digital processor, as shown in Fig. 6b.
Essentiall}, the register file creates a memory location
for a continuously scanning H DAS-16. Data access is
fast. free. and independent of the hybrid's status. Thus,
the h}brid generates ne" data words at 50 kHZ and
updates a l6-word file at a rate of over 3 kHZ. Mean-
while, the digital processor can request and retrieve data
at normal memory-access speeds without disturbing or
waiting for the data-acquisition system. 0
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Put video aid converters to work.
These small, inexpensive show-stoppers can digitize the
analog signals required for a variety of applications.

Video-speed, 8-bit, aid converters-particularly
those that use two, 4-bit, hybrid, flash stages I-are
now small enough and inexpensive enough to work
ih a variety of applications, including digital tele-
vision, transient recording, radar-signature analysis
and distortion analyzers.

Probably the most extensive use of ultra-high-speed
aid converters will be broadcast TV; where digital
picture processing has started a revolution that is
perhaps even profounder than the transition from
tubes to semiconductors.

Though the potential advantages of digital tele-
vision were obvious for some time, its potentiality
didn't become reality until compact, ultra-high-speed,
reasonably priced, aid converters and high-density
LSI memory chips appeared.

Basically, digital television-picture processing re-
quires three major steps:

1. Digitizing the analog signal from the camera (or
other video source) using very fast aid converters.

FROM

VIDEO
TAPE

RECORDER

2. Processing the converted data digitally.
3. Reconverting the processed picture data into

analog form for transmission via dla converters.
Right now, digital TV extends only to processing

video signals in studios. Digital data aren't trans-
mitted to home receivers-yet. But the digitized video
signals do have the following advantages:

• They're immune to noise.
• They can be stored in digital form and read out

at selectable rates.
• They can be simply converted to different TV

standards.
• They can be delayed, compressed and stretched.

Video aid stars in digital TV

From the performance viewpoint, a digital-TV
system's aid converter is the most important block.
The converter limits the system's two crucial charac-
teristics-resolution and sampling rate. Fortunately,
8-bit resolution faithfully reproduces a TV picture. At
yideo speed, higher resolution gets prohibitively ex-
pensive. An 8-bit converter quantizes the luminance,
or video-signal amplitude, into 2', or 256, discrete
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levels. These 0.4% amplitude steps produce a grey
scale that appears continuous.

Today's high-speed aid converters sample at the
rates required by digital TV. The well-known Nyquist
criterion of the sampling theorem spells out the
required theoretical sampling rate (to recover a band-
limited signal without distortion, it must be sampled
at least twice as fast as its highest-frequency compo-
nent). In the U.S., the National Television System
Committee (NTSC) standard is in force. The TV signal
has a 4.2-MHz bandwidth, which requires a minimum
8.4-MHz sampling rate.

In practice the sampling frequency is higher than
the required minimum, and usually an integral mul-
tiple (three or four) of the 3.58-MHz color subcarrier.
Thus, the most common sampling rates are 10.74 and
14.32 million per second.

There is another standard to consider: the wider-
bandwidth, European, phase-alternating line (PAL)
standard. The video bandwidth is 5.5 MHz and the
color-subcarrier frequency is 4.43 MHz. Sampling
three and four times the color-subcarrier rate means
13.29 and 17.72-MHz conversion rates, respectively. To
compare data for both U.S. and European systems,

3. Digital noise reducers store the converted frame d'ata
for element-by-element processing in a recursive filter. To
aVOId smearing moving pictures. frames whose elements
show too much motion aren't filtered.
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see the information in the table.
One of the first TV problems solved by digital

technology was signal jitter, or time-base error, which
is a common problem at the output of video-tape
recorders synchronized to a power-line frequency. TV
broadcasting requires that recorders be synchronized
to local-station color subcarriers.

Fig. 1 illustrates the basic operation of a digital
time-base corrector system that synchronizes a
videotape recorder's output to the local TV station's
subcarrier. This system combines a fast, semi-
conductor, digital memory with an ultrafast ald.

The memory is the key to resynchronization. The
system reads out the stored converted video by means
of its read-address counter, which is controlled by
clock pulses from the station's color subcarrier. A
phase-locked oscillator derives the 10.74-MHz read
pulses from the subcarrier. The data from memory
updates an ultrafast, deglitched dla converter that
reconstructs the video signal.

No matter how much the input signal jitters, the
output, after comparison and storage, is jitter-free
because it is closely synchronized to the station's color
subcarrier. But the time base itself must then be stable
to within ±5 nanoseconds.

Time-base-corrector memories generally store up to
three video lines-with an associated delay of 189 /,s
for the three lines. Three-line storage requires the
memory capacity for 2048 samples of 8 bits each. So,
a 2-k X 8-bit RAM is sufficient. Of course, the average
rate of data into the memory can't exceed the average
of data out, or the memory can run out of capacity.

Fast aid and a memory: a TV twosome

Like the time-base corrector, another important TV-
processing system, a digital frame synchronizer, com-
bines a video aid converter and a memory. The frame
synchronizer integrates nonsynchronous TV signals

from remote sources, into a broadcast, which enables
a station to switch video sources without breaking up
its picture. Moreover, all the station's video sources,
both local and remote, are put into simultaneous
raster and color phase.

Typical remote sources are portable news cameras,
satellite links, and videotape recorders. Portable-
camera signals are either relayed to the studio or
recorded first on videotape. Satellite signals go to the
network rather than to local studios.

Because it corrects both instantaneous time-base
errors and source delays, a digital-frame synchronizer
is more complex than a time-base corrector. To syn-
chronize incoming and station-generated frames, the
equipment is, in effect, a variable delay line.

Though it synchronizes frames similarly to the way
time bases are corrected, a frame synchronizer re-
quires more memory. Whereas a time-base corrector
stores up to three lines of video, frame synchronizers
store a full frame of 525 lines (33-ms delay). Because
there are 455/2 cycles of color subcarrier in each raster
line, the memory capacity must be at least 2.87 Mbits
(227.5 subcarrier cycles per line X 525 lines X three
samples per cycle, X eight bits per sample).

Fig. 2 shows a digital frame synchronizer in block
diagram. This system first filters a video-source signal
through a low-pass network, then sends it to the aid
converter. Separate circuits extract the color subcar-
rier and vertical sync from the incoming composite
video. The color subcarrier controls a 10.74-MHz
phase-locked oscillator, which in turn triggers the aid
and controls the memory write-address counter. The
vertical-sync pulse clears the write-address counter
at the end of every frame. Thirty entire frames pass
in and out of the memory, every second.

The frames of composite digitized video are read
out of the memory independently of their writing,
since the station color-subcarrier and vertical-sync
signals control the read-address counter. The station
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Color Sampling Rate
Band- Sub- 3X 4X

Lines Width Carrier Subcarrier Subcarrier

NTSC 525 4.2MHz 358 MHz 10.74MHz 14.32 MHz

PAL 625 5.5MHz 4.43 MHz 13.29MHz 17.72 MHz

color subcarrier phase-locks the 10.74-MHz oscillator,
which both controls the read-address counter and
synchronously updates the dla input. The station
vertical-sync pulse clears the read-address counter
after every frame is completed.

The write-inhibit circuit in Fig. 2 prevents picture
disturbance when the frame-synchronizer switches
among non synchronous sources. To prevent changing
video sources in the middle of a field when the input
is switched, this circuit inhibits writing until the
frame pulse of the new video source arrives.

As in all communications systems, noise reduction
has always been an objective in TV. Unlike their
expensive analog predecessors, which reduce TV noise
by only a few dB, digital noise-reduction systems like
the one in Fig. 3 can mow down picture noise by 9
to 15 dB, and at a resonable cost.

This system is based on a one-frame, first-order,
recursive filter. (A recursive filter's output depends
on both its previous output and its input.) Depending
on the filter coefficient, K, you can get almost any
level of filtering you may need.

The noise-reduction technique rests on a simple
concept-after a number of frames, the output is the
average of all previous inputs, so noise averages out.
However, there is a problem inherent in this system.
Averaging delays the output to the point where the
effect is objectionable on moving images. So, only still
pictures can be averaged.

The motion-detection scheme is ingenious. It com-
pares the luminance of each element of one picture
with its counterpart in the previous frame. Changed
luminance indicates motion and lowers K, and filter-
ing and lag along with it. With little or no motion,
K stays high and the frame is heavily filtered. As a
result, noise disappears from relatively still pictures
but remains in frames showing motion.

Fig. 3 shows a TV-noise reducer that stores an entire
frame digitally. An ultrafast aid digitizes the input-
video signal, which then goes to a recursive digital
filter. A deglitched dla converts the recursive-filter
output back to analog form. The digital frame store
holds all picture elements from the previous frame.

After filtering, the frame store feeds both the re-
cursive filter and the motion detector. The motion
detector determines the recursive filter, K, by means
of the filter-coefficient generator.

In addition to time-base correction, frame syn-
chronization and noise reduction, digital-TV equip-
ment using aid converters can store still pictures and
convert standards. The technique is called, notsurpris-
ingly, still-store. TV news programs usually store still
pictures via slide projection or card display. Digital
still-store replaces both with a disc-based all-elec-
tronic system that uses an aid converter.

The aid converts stills into digital form, then a disc-
pack memory, with up to a 200-Mbyte capacity, stores
the data. The stored pictures can then be recalled in
fractions of a second. What's more, disc-based, digital
still-store can deliver still pictures in whatever se-
quence you program it to.

Standards converters produce the signals required
by the NTSC's 525-line, 60-Hz system from the PAL's
625-line, 50-Hz system, and vice-versa. Analog TV-
standards converters have been expensive, complex
and bulky. Digital standards converters, while smaller
and less costly, are also rather complex.

There's more than TV

Of course, video aid converters can do more than
digitize TV signals. You can combine an ultra-high-
speed aid and a fast digital memory to record fast
transients like those in shock and explosion testing,
pulsed nuclear-magnetic resonance, high-speed
chemical reactions and power-line disturbances. Fig.
4 shows such a transient recorder in block diagram.
Here, the 8-bit, 20-MHz aid samples a transient at
up to a 20-MHz rate. The fast, l-k x 8 random-access
memory stores 1024 sequential aid-output samples of
8 bits each. The converter and memory simply stay
synchronized: The same signal clocks both the write-
address counter and the aid converter.

After the memory stores 1024 samples of digital
data, representing the analog transient, the system
switches modes from write to read. But reading is
much slower than data entry, because the read-
address clocking is derived by dividing the 20-MHz
clock frequency by a constant, N. Unlike the one-shot
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5, Radar-signature-analysis systems use powerful com-
puters to process information contained in the return
pulse's frequency content, amplitude and waveshape,You
need a fast converter but not much memory.
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way data are written into the RAM, reading is
repetitive because the address counter recirculates to
zero after address 1024,

The RAM output goes to a fast, 8-bit dla converter,
which reconstructs the analog signal sample by sam-
ple. With a high N, you can read data slowly; by letting
the clock run on, you can read over and over. The
repetitive output signal is suitable for oscilloscope
display. For an analog strip-chart recorder, data can
be read only once, but even more slowly (higher N).

For a simple example of transient recording, look
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at the 50-!'s transient in Fig. 4. Here, the circuit
samples this wave 1024 times (approximately once
every 50 ns). Reading recurrently with a 1OO-kHzclock
(20 MHz divided by 200) repeats the transient every
10 milliseconds. This period is compatible with slow
time-base oscilloscope display.

Of course, by using fewer than the full 1024 samples,
you can record transients that are even faster than
50 ·microseconds. For instance, you can capture 5-!'s
transients by using only 100 samples.

To set the reconstructed analog output to an ap-
propriate time base for display or recording, simply
change the clock-frequency divisor.

You can even reverse the relative speeds of the input
and output clocking. For a slowly varying input, you
can also sample slowly and store the converted
samples, then read these faster than they were
sampled. In this way you speed up the time scale-
in effect, compressing the input signal in time. Natu-
rally, the speed requirements reverse for the con-
verters in such a signal compressor. The dla must be
a faster device than the ald.

The spotlight's on radar

Another way to use ultra-high-speed aid converters
is in processing radar signals. A complete radar
reflection often tells more than just time of arrival;
additional information can be extracted from the
shape, structure and frequency content of the received
pulse, the object's radar signature. However, radar-
signature analysis is often so complex that it must
be done by a large-scale digital computer.

Fig. 5 shows the basics of a system that captures
radar-signature data for computer analysis. Like the



transient recorder, this system also combines an
ultrafast, 8-bit aid converter with a fast digital
memory-in this case, a scratch pad memory.

When the radar-return pulse reaches the return-
pulse detector, the detector triggers the clock-pulse-
train generator. During the received pulse, each clock
pulse t.riggers the aid; the memory stores the resulting
8-bit samples. After the return pulse, the memory is
read into the computer for processing.

Yet another good home for video-speed aid con-
verters is in variable-frequency, sampled-data distor-
tion analyzers. For complex waves, you'll have such
a hard time analytically optimizing the sampling rate
for minimum distortion that often your only practical
approach is empirical. The system in Fig. 6 lets you
set very high sampling rates via its ultrafast, 8-bit
aid converter. For each sampling rate you can read
the resulting distortion from the spectrum analyzer.

You must, of course, use a low-pass filter ahead
of the converter to band-limit the input signal. Since
the filter is variable, you can adjust thecutofffrequen-
cy as you vary the sampling rate (clock frequency).

After each aid conversion, the digital output goes
to a register. The register, in turn, updates the dla
~onverter that reconstructs the analog signal, which
IS then analyzed for distortion.

To use this set-up, apply the input wave and test
the harmonic-distortion level at the output. Vary the
clock and filter-cutoff frequencies until you get min-
imum distortion. Usually, the critical measurements
will be at the upper range of clock frequencies.

Faster and faster

Sometimes even 20-MHz conversion rates aren't
enough. For example, efficient data transmission
could call for 40-MHz byte rates. Fortunately, you can
often double the effective conversion rate at a reason-
able cost with the "ping-pong" connection (Fig. 7).

With only two moderate-cost, 8-bit, 20-MHz devices,
this scheme can convert every 25 ns-a 40-MHz rate.
The technique involves alternately triggering each
converter at its maximum 20-MHz rate. Then you
switch the final-output channel between the two 8-
bit converter outputs via a digital multiplexer.

Accuracy can be a problem, though. For opposite-
direction linearity errors of both converters the
nonlinearity of the combination can be as mU~h as
twice that of each converter. By aligning both con-
verters' zero and full-scale carefully, you can keep the
combination's total nonlinearity to ±1 LSB for units
with ±1I2 LSB max nonlinearity... '
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Microcomputers In
An Analog world
Here are some new analog applications that depend on the union of

low-cost microcomputers with analog I/O conversion products.

Some form of analog l/O is required by an
estimated 37 percent of all computer applications.
Since more of these applications are being accom-
plished with microcomputers, there is a growing need
to interface microcomputers and analog signals.
Fortunately there are a variety of single board analog
I/O products available. This article will explore
analog l/O options and show some of the vastly
different applications in which system designers
have used them for measurement and control.

The application determines the type and number of
analog signals involved. In some process control and
monitoring systems, hundreds of control points may
be continuously measured. In these, the data acquisi-
tion system is more likely to be a rack mounted
system, separate from the computer. The microcom-
puter systems, that we are considering here, handle
fewer analog signals. They are smaller in scope
because of the limited throughput of their computers.
Since there are fewer analog channels, the analog
circuitry can be located on the same P.C. board as the
l/O interface logic. This results in a single-board,
plug-in unit, that is treated as a standard I/O
peripheral and sold by several manufacturers in
various versions. They are: A-D with 8-64 channel
input; multiplexer expander units for additional
analog channels; D-A with 4-8 channel output;
analog-out expander boards for multi-channel use;
and combination A-DID-A units with 8-32 analog
input and 1-4 analog output channels. Numerous
optional features are available on these microcom-
puter bus-compatible I/O cards (see box).

Because of the rich choice of options, the microcom-
puter system designer has considerable leeway in his
choice of single board analog l/O peripherals to
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• Single ended or differential analog inputs
• Current loop(i.e. 4-20mAl inputs.
• High level analog inputs (0 to +5V, 0 to +10V,

±5V, ±10).
• Low level (l0-100mV full scale) analog inputs

requiring instrumentation amplifiers with gains of
100-1000.

• Amplifier with software programmablej(ains of 1,
2,4, and 8.

• Operation under program control, program inter-
rupt or DMA.

• With or without DC to DC converter to generate
±15V.

• Simultaneous sample and hold circuits on analog
input channels.

• Different full scale voltage ranges on analog
outputs.

• Current loop(4-20mA)on analogoutput channels.

accomplish a wide variety of applications. Date!
analog l/O peripherals, for example, were used in a
range of applications including energy, process con-
trol, weather research, medicine, and communica-
tions.

Putting a reactor on-line at a nuclear power station
requires a precise procedure with detailed informa-
tion on the operating condition of many devices. This
information must be available at all steps of the
start-up procedure.

Temperature, pressure, and water flow had to be
measured at 150 different points. Transducer outputs
were connected to a signal conditioning unit which
generated analog voltages in the 0 to ± 10V range to a
measurement system that operated in two modes.

In slow scan mode, each sensor is measured four
times per hour to sense long term trends. Fast scan
mode looks at important primary sensors during
start-up or when taking the reactor off-line.

DMA operation was used to poll all units quickly
and then release the machine to perform other
control functions. Analog l/O boards provided DMA
capability and multiplexer boards allowed expansion
to 150 channels.



This system was used as a monitoring station for
operator information only, not as a control system. It
is now being evaluated as a monitoring system to be
used during power station operation. It would identi-
fy equipment for repair or replacement during
scheduled maintenance periods.

For example, if the system was monitoring a group
of pumps, and detected excessive wobble on one pump
shaft, maintenance personnel could be alerted to
replace or repair the pump during the next scheduled
maintenance period. The use of microcomputers
permits monitoring stations to be dedicated to
specific groups of equipment and distributed around
the power station.

RETURNING CONTROL TO THE PROCESS SITE

In a process control application, a materials
manufacturer had to measure 53 channels of temper-
ature, pressure, line speed, and other types of process
data. Low level analog signals from the sensors were
signal conditioned by external instrumentation am-
plifiers to present high level analog signals to the
data acquisition analog input peripheral unit. Addi-
tional high level analog channels were entered
through an analog channel expander board. Low level
signal input ranges were up to 50m V full scale and
each had a bandwidth of less than 20 Hz Wig. 1).

In operation, the analog channels are selected and
digitized under control of the microcomputer. The
microcomputer performs computation and processing

operations on the digitized analog data and switch
position inputs. The microcomputer generates 20
analog signals via D-A converters located on the
analog output peripheral boards. These analog out-
puts drive actuators in the manufacturing process to
complete the real time, computer aided, process
control loops. Additionally, the computer sends data
to a local monitoring station. Process status is
displayed in bar graphs on a color CRT and digital
meters which show several process variables.

By using local micro-controllers at different stages
of the process, on-site personnel can diagnose errors,
correct problems, or fine tune the system by manual
overide. Also, expensive cabling is reduced, cost is
lowered, and misinterpretation of operation byopera-
tors at a remote computer site is prevented.

PHYSICAL STRUCTURE OF CLOUDS

This research effort is being conducted under the
auspices of the NASA Goddard Space Flight Center.

Maps of parameters indicative of cloud physical
structure are of value in studies of the earth's
climate. The parameters to be measured are cloud
amount, optical thickness, altitude, temperature,
thermodynamic phase and particle number density.
Global distributions of these parameters will be
assembled according to season and local time and in
this format will serve as input data to climate models
based on radiative energy balance. This data base
will also be of use in meterological studies of shorter
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time scale such as severe storm and cloud physical
studies.

The cloud climatology experiment combines active
and passive remote observation techniques to infer
cloud parameters. The passive section consists of a
Cloud Physics Radiometer (CPR) which is an 8
channel scanning radiometer with 7 channels in the
near infrared and one channel in the thermal
infrared. The active section consists of a cloud Lidar
System (CLS) which is a two wavelength polarized
scanning laser radar. To prove the sensor technique
and the utility of the data, engineering models of the
CPR and the CLS will be flown on a NASA high
altitude aircraft. Results from these flights will be
used to design a Space Shuttle (Spacelab) sensor
system.

The microcomputer controls all operating sections
of the system. A microcomputer was used in this
application because of physical size, as the entire
system was to be installed on an aircraft.

The data acquisition microcomputer peripheral
monitors the following parameters:

All system power supply voltages.
Temperature in all system boxes.
Pressure in all system boxes.
Laser water flow.
Laser water temperature.
The data distribution (D-A's) microcomputer pe-

ripheral is employed as a ~ P controlled test fixture
with quick look CRT terminals.

Applying computers to collect data and monitor
patients has been going on for many years. Previous-
ly, in most cases, the monitoring computer has been
remotely located, requiring the data to be transmit-
ted over considerable distances. Portable bedside
monitoring stations have become feasible by employ-
ing microcomputers and analog I/O peripherals. Such
applications require analog conversion products,
since most monitoring instruments provide informa-
tion in analog form. Additionally, the number of
parameters being monitored on each patient requires
multi-channel data acquisition.

The emergence of the microcomputer has signifi-
cantly reduced the cost of the monitoring systems.
Also, by employing a microcomputer at each bedside
station, the measurements taken can differ, catering
to the exact needs of the patient. Monitoring station
terminals can be located at the bedside or nearby at
the nurses' station.

Detailed here is a two-station patient monitoring
system installed at St. Vincent's Hospital in New
York that was developed by Edward De Wath at the
Institute of Medical Sciences (Fig. 2).

Station #1 monitors post-operative cardiac pa-
tients. It is a portable bedside station capable of
simultaneously monitoring two patients.

Station #2 monitors patients with acute respira-
tory insufficiencies.
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the clinical staff to select which parameters of each
patient are to be monitored.

As many as 16 parameters are measured at the
bedside station. Gas flow and pressure transducers as
well as gas analyzers are used as measuring devices.
The system is supported by calibration devices for
flow, pressure, and gas analyzing. A tank of known
mixture of oxygen and carbon dioxide are used as
calibration standards for the gas analyzers. A source
of known positive pressure is used as a standard for
the gas pressure transducer. A pump of known
positive displacement is used as the calibration
standard for the gas flow transducer.

All calibration procedures typically last 30 seconds
and are operator initiated via a keyboard and th~n
microcomputer controlled. Long term drifts are
manually compensated for on a monthly basis.

The outputs of the sensors are digitized by the
microcomputer's analog input peripheral and the
data is transmitted via phone lines from the bedside
to another microcomputer at a central control loca-
tion. The second microcomputer interfaces to a large
host computer specifically programmed for patient
monitoring applications. The host computer is pro-
grammed to derive over thirty physiological func-
tions from the transducer data it receives. These
include blood pressure, heart rate, respiratory rate,
resistance and compliance of the lungs, maximum
inspiratory pressure, oxygen intake, carbon dioxide
exhaled, positive end expiratory pressure, and mea-
surement of tidal volume per breath.

This resulting computed information is transmit-
ted via phone lines back to the bedside microcomput-
er station. There, it is available at the nurses' station
either on a video display terminal or via a hard copy
printer. A keyboard is located at the station to allow

A system for electronic color correction of video
signals, produced going from motion picture film to
video tape, corrects scene by scene for hue and
saturation of colors. It matches the spectral response
in motion picture colors to the spectral distribution of
the components in the film-to-video-converter or film
chain (Fig 3).

The system corrects color at slow film speed prior to
the actual reproducing of the film at normal speed.
For sharpness and contrast reasons, it is not. desirable
to reproduce on video tape while running the film at a
slow speed. The corrected color data is stored
separately for use later in producing video tape.

The film is run on the projector on a frame by
frame, scene by scene basis. Initially, a standard
correction value is selected to provide a picture
pleasing to the eye. Incremental corrections (from the
color control panel) are added or subtracted on a scene
by scene basis to compensate for different lighting,
color patterns, cameras, etc.

These corrected values are digitized by the A-D
peripheral and stored in the CPU in sync with the
frame reference received from the projector. The film
can be rerun, stopping on selected frames, until the
desired color effect is obtained.

The film is rerun a final time and recorded on video
tape. The corrected color signals are sent out from the
CPU to the D-A converters to generate the correction
signals to the film chain unit. _
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Interfacing
data converters

and
microprocessors

In intelligent
data-acquisition systems,

microprocessors must stay
as busy as possible

o By latching onto the power and versatility of micro-
processors, data-acquisition systems are vaulting into
more extensive and demanding new applications. But the
success of these "intelligent" data systems depends on
the ability of the designer to mate the microprocessor to
the other key system component, the analog-to-digital
converter.

For a long time, converters have evolved indepen-
dently of microprocessors, and there is often a communi-
cations gap between the two when they must work
together as a team. Although this interface problem is
usually not difficult to solve, many subtle details can
make the difference between an efficient system and a
wasteful one.

Oddly enough, the interface itself is not affected by
the type of converter chosen -this decision depends
largely on the particular application (see "Selecting the
right converter," p. 84). Instead, the interface is
primarily influenced by whether the digital data is
transmitted in serial or parallel format and by the assist-
ance options provided by the converter and the micropro-
cessor being used.

Choosing between serial and parallel data

Clearly, the question of data format must be resolved
before any progress can be made on the interface hard-
ware at either the converter or microprocessor end. This
choice is usually straightforward, and it depends princi-
pally on the distance separating the converter and the
microprocessor.

Basically, the two methods of interfacing may be
characterized as close-in parallel and remote serial. If

high sampling rates arc required, the converter should be
located near the microprocessor, and the interface
between the two should certainly be parallel. On the
other hand, when data is gathered several hundred yards
from the microprocessor, a twisted-pair serial connection
makes better sense than a parallel one.

At the a-d end of the system, there is not much
difference between successive-approximation and inte-
grating converters in terms of the ease with which they
produce either parallel or serial data. For the most part,
both types are designed to put out parallel data with no
additional components, and both can produce serial data
with a little help.

In contrast, the task of interfacing at the micropro-
cessor end appears formidable at first sight, because
even the popular chips differ greatly. In some, such as
the Intel 8008 and Intersil's IM6100, both addresses and
data arc timeshared on the same bus lines, and control
signals differentiate between them. In others, like
Motorola's MC6800 and the MOS Technology 650X
series, addresses and data flow on different lines simulta-
neously, though sometimes they require strobing to
indicate when each is valid.

These mixed situations come about because of
crowding between bits and pins. The 6800 provides 40
pins for 8 bits, whereas the 8008 has only 18 pins for 8
bits. Although some efforts toward bus standardization
are under way, significant progress is unlikely soon, if
ever, in view of the already wide acceptance of
substantially different products.

Even so, there are ways around the situation. For
serial data, there is a ready-made standard just waiting
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to be hooked up. And for parallel data, a de Jacro
standard is available from the same people who created
the problem in the first place-the microprocessor
manufacturers.

All microprocessors are members of chip families, and
somewhere in each family is a device called a program-
able peripheral interface, programable interface ele-
ment, programable interface adapter, or something simi-
lar-it may even be called "universal." This program-
able interface device handles address latching and
decoding, relevant instruction recognition, interrupt
processing, and bus access. It also has registers to control
the polarity of incoming and outgoing signals, input/out-
put status of outside lines, interrupt enabling and sens-
ing, external nag lines, and the like.

De fscto standard for parallel interfacing

When viewed from the outside, these devices look so
similar that they constitute a de Jacro standard for
parallel interfacing. Many, such as the Motorola
MC6820 programable interface adapter and the Intel
8255 programable peripheral interface, give or take data
directly on 4, 8, 12, 16, or even 24 pins. Figure Ia shows
an a-d converter connected to one of these. Others, like
the Intersil IM6101 programable interface element. do
not handle the data directly themselves but have write-
enable and read-latch lines to put triple-state data onto
and latch data off the bus. Figure 1b shows the same
converter interfaced in such a system.

In both situations. the converter can be set to run
continuously 0, commanded to starl. When a conversion
has been completed, the microprocessor is interrupted to
read back the data, if enabled to do so. Therefore, any
a-d converter that provides a signal transition identifying
the presence of new data and having standard triple-
state output-disable controls in 8-bit bytes can interface
with one of these programable devices without the need
for additional components, as long as the logic levels are
compatible. Similarly, any digital-to-analog converter
with input latches in 8-bit groups can also interface
directly with one of these chips.

In the past. a-d converters with serial outputs have
been difficult to interface. The serial output was usually
synchronous with some conversion clock and either had
no synchronizing signals or had them on separate lines
requiring gating for recognition. However. both these
problems were solved by a device called a universal
asynchronous receiver/transmitter (UART), which has
become a standard pin-compatible part available from
several suppliers.

UARTs handle serial interface

Any reasonable microprocessor family will interface
with a UART or have a member of the family that looks
like one from the outside-and two of these devices can
talk to each other over pairs of wires. Although the UART
grew out of teletypewriter-signal specifications, it can
operate at much higher speeds and still provide synchro-
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nization, a controlled data rate, parity generation, and
clocking, as well as a full complement of handshaking
signals for the microprocessor. With two-way communi-
cations and a phone-line tie-in through acoustic couplers,
any uAKT-compatible a-d or d-a converter may talk to a
friendly microprocessor, no matter how far away it is,
over telephone lines.

Unfortunately, however, most converters cannot talk
to a UAKT unless supplemented by lots of external
components. One exception is the Intersil 805217103
integrating a-d, which happens to have the right signals
available for interfacing with a UAKT via only one
external digital multiplexer and a single RC differentia-
tor, as indicated in Fig. 2a. Even these components may
be omitted if the system can tolerate continuous conver-
sion and lack of overrange information, and polarity can
be sent on the parity system, as in Fig. 2b.

Considering multiword applications

The number of bits that can be handled with the serial
or parallel interface may not coincide with the require-
ments of the converter, which usually has words of 8, 10,
12, 14, or 16 bits. Depending on the microprocessor, a
parallel interface can handle words of 4,8, 12, or 16 bits,
but the UART can cope with only 5, 6, 7, or 8 bits at a
lime.

When the interface is wider than the converter, the
extra bits may be ignored. but the more common situa-
tion of a wider converter requires that several micropro-
cessor data words be transferred to complete one
converter word. In such multiword applications, some
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2. Serial interface. A umversal asynchronous receiver transmllter
easily handles serial Interfaces, although exIra components are
needed at the con\ierter end (a). Even these can be eliminated (b) by
running the a-d continuously and sending polanty on panty system

sequencing and recognition requirements must be met by
both the converter and the microprocessor, and a way
must be provided to avoid use of only partially updated
information. In many systems, a programable interface
device can simplify this operation somewhat.

Logic levels must be compatible

Most digital devices are directly compatible with each
other with respect to logic level. Typically, converters
have bipolar outputs (usually for mating with transistor-
transistor logic) or either p-channel MOS or complemen-
tary-MOs outputs, which generally are TTL-compatible at



There are many different ways to convert analog data to
digital form. but the two most popular approaches are
successive-approximatIOn and integrating techniques.
which dominate more than 95% of all applications. The
three most important factors In selecting the appropriate
analog-to-digital converter are speed, accuracy. and
cost.

If speed were the only consideration. the choice would
be simple because there's almost no overlap between
integrating and successive-approximatton types. as shown
in the table. Integrating converters provide excellent
accuracy at low cost. but they require from 1 10 30
milliseconds to make a 10-blt converSIon. Successive-
approximation converters are a lot faster. Some can
complete a 12-blt conversion in only 2 microseconds. but
their cost is directly related to their accuracy.

How integrating types work. All Integra ling a-d
converters have two characteristics In common, As the
name Implies. their output represents the Integral or
average of an Input voltage over a fixed period of tIme. A
sample-and-hold circuit. therefore. IS not required to
freeze the input during the measurement period. Equally
Important. because they use time or frequency to quantize
a sIgnal. the linearity error IS small

Among the numerous verSions of integrating converters,
such as charge-balancing and triple-ramp devices. the
most widely used IS the so-called dual-slope technique.
shown in a simplified diagram (a).

With a dual-slope device. the converSion takes place In
three distinct phases. During the first phase. or auto-zero
portion of the cycle. the errors (such as oNsetvoltage) of
the analog components are automatically nulled out. The
converter's input IS grounded. clOSing the feedback loop
and causing the error Information to be stored by the
capacitor.

During the second phase. the Input signal IS Integrated
for a fixed number of clock pulses. Yielding an Integrator
output voltage that IS directly proportional to the input At
the beginning of the third phase. the Input of the converter
is switched from the signal voltage to the reference
voltage Because of the polarity of the reference. the
Integrator output discharges back toward zero. The
number of clock pulses counted between the beginnIng of
thiS phase and the time when the Integrator output passes
through zero is a digital measure of the magnitude of the
input voltage.

In theory. the lInearity of such a converSIon IS limited
only by the equality of the Individual clock-pUlse periods
withIn a gIven cycle. ThiS short-term frequency Jllter can
easily be held to 1 part In 106 SucceSSIve-approXimation

some supply voltages. Similarly, microprocessors come
with bipolar or various \10S outputs. which are also
usually TTL-compatible at some supply voltages.

Problems arise in only two situations-when different
logic-supply voltages are desired in different parts of the
system and when long bus lines must be driven. The
former could apply, for instance. when interfacing a
C-\10S microprocessor and random·access memory oper-
ating at 10 volts (for maximum speed) with a bipolar
programable successive-approximation register oper-
ating at 5 Y.

converters, on the other hand. rely on matching resistor
ratios for quantizatIon and are. hard-pressed to keep
nonlinearities to less than 1 part in 103-and to achieve 1
part in 10· requires trimming individual resistors in the
binary ladder network.

Error sources are few. The dual-slope technique is
Immune to long-term changes In such components as the
integrator capacItor and the comparator. In a very real
sense, the designer IS presented with a nearly perfect
system, and his prinCipal job IS to avoid introducing error
sources through ground loops or the use of noisy compo-
nents, for example.

Although the integrating converter IS conceptually
straightforward. designIng a good one is by no means a
triVial task. Several sources of error must be taken into
account. They Include capacitor droop caused by switch-
leakage current. the change In capacitor voltage when the
SWitch turns off. the nonlinearity and high-frequency limIta-
tions of the analog components. the dIelectriC absorption
of the capacitor. and the charge lost by the capacitor to
stray capacitance.

All In all. though, these error contributions are small.
compared to those of the successive-approximation tech-
nIque. In general. Integrating converters prOVIde the
accuracy needed lor making preCISion measurements
With a good monolithic part. for Instance. the offsets are
less than the peak-to-peak nOise.typically as Iitlle as 10
microvolts. Also, rollover error. whIch is encountered when
changing from a positive measurement to an Idenllcal
negative measurement. should be held Within 50 /.lV, or the
equIvalent of half a count.

Successive approximation offers speed. When
converSion times of 1 ms to 1 JJS are required. successlve-
approximation deVIces are Without competition. They are

. ." . , .
Type of ConverSion time

Rel.ltlVe speed
converter 8 bits 10 bits 1Z bits 16 bits

SIO\"" 20 ", 30 m 40 ~s 250,"
'11leyr<lllllg med,w'n 1 m, 5m, 20 ms

faSI 03 ms 1 m' 5ms

yener,,' purpose 30 JJS 40 IJS 50 IJS

11'gh pl.'rforn1<1' , 10 JJS 15 IJ~ 20 JJ' 400JJ,

sucr"~slvP f"sl 5 p' lOp 12 J.'~
.ppIO-" 111<11'011

hlqh !>f'('(1 2w 4p 6"
"llt,.t.", 08 •.•, 1 p' 2 p'

Ho'Wcvcr. Integrated circuits arc available for dcaling
with problems like these. Among them are Intersil's
recenlly announced I M6404. which is a hex latch/driver
capable of performing level translations from either (
\10S \lOS to lTl or from TII to (, \IOS \10S. and Intcl's
8216. a 4·bit bidirectional bu~ driver/recciver that can
transmit data over long bu~ lines.

Another po>sible problem i, the signal polarity. but
this can be easily handled by the software via a
(,O\fPII\ll· ••.•T 1)·\1 \ instruction. Also. the "high truc"
polarity convention for binary-coded-decimal data is
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most frequently used in data-acquisition systems that
havea large numberot inputs multiplexed through a single
converter. Admittedly, successIve-approximation convert-
ers are more expensive than integrating types of similar
accuracy, but. because of their much faster data-
throughput rate, they ar.e usually less expensive on a per-
channel basis.

Typically. a successive-approximation converter (b)
consists of a digital-la-analog converter In a feedback
loop with a comparator and some clever logic. which is
usually referred to as a.successive-approximation register.
The output Irom Ihe d-a IS compared wilh Ihe analog
input, progressing from the most-signiftcant bit 10 the
least-signilicanl bit (LSB). one bit at a time.

The bit being processed is set to logic 1. II the d-a
output is less than the input voltage. the bit in process is
left at logic 1. But. il the d-a output IS grealer than the
input voltage, the bit is set to logic O. and the register
moves onto the next bit. Since the decision to turn each

INTEGRATOR

DIGITAL 1OUTPUT

virtually a universally accepted industry standard.
Furthermore. the computing power of microprocessors

permits ready conversion between two's complement and
sign-magnitude notation. ThaI leaves onl} control-signal
polarity to worry about: however. all of the interface
chips are programable enough to cope with almost any
eventuality. Also. if Ihe one selected has a triple-state
enable that is low-active (strictly a disable line in
positive logic), connections can be made directly from
pin to pin without the need for intermediate inverters.

Another important consideration i~ the software to

bit on or off is made before the next bit is tried. the digital
output data can be presented In either serial or parallel
format, after all decisions have been made.

Accuracy can be expensive. Probably Ihe grealest
disadvantage of a successive-approximation converter is
its numerous sources of error - conceptually. it is simply
not as elegant as an integrating converter. The primary
error-contributing components are the d-a converter and.
to a lesser extent. the comparator and the voltage refer-
ence.

All In all, nearly 10 different error contributions affect the
fidelity of the conversion. They include quantization uncer-
tainty. nonllnearities of the transfer function, output-
leakage current. offset errors, and temperature drift.

Because many of the error sources are interrelated, a
worst-case error analysis must be done to determine just
how accurate the conversion will be. After all major error
contributions are taken into account. any well-designed
part should provide an accuracy of within ± 112 LSB over
Its full operating temperature range

Making converter tradeoff.. In selecting the most
appropriate a-d converter for a given applIcation, the
deCision is seldom clear-cut. Because cost is always the
bottom line, the designer is forced to shop around within a
budget - trading off speed against accuracy and size
requirements.

Integrating converters provide the tightest accuracy for
the money; however, they are comparatively slow. On the
other hand, successIve-approximation converters are
Inherently fast, but because of their numerous error
sources, light accuracy at high throughput rates can be
expensive. If the data-acquisition system contains a
microprocessor, the selection process takes on yet
another dimension -the necessity to make the most effi-
cient use of computer lime.

For example, the conversion time of successive-approx-
imatIOn converters and the instruction-execution time of
MOS microprocessor chips are on the order of a few
microseconds. So put ling the chip's central processor unit
into a wall loop while the converter does its work doesn't
waste much computing time. This combination is probably
the best when many channels of analog data must be
processed, but Individual channels require minimal da1ti
manipulation.

In contrast. Integrating converters are a wise chOice
when only a few channels of analog information are being
gathered. but a large number of computations must be
camed out for each channel. While the microprocessor is
executing ItS Instructions, the converter can take its time
to digitize the next channel.

handle the interface. Besides shaping hardware require-
ments. the operating mode of the converter affects
software.

In general, d-a converters arc easier to work with than
a-d converters. A data word or a series of data words
arrives. is assembled. and proceeds through the d-a.
Some provision may be needed to avoid conversion of
data Ihat is partly new and partly old in multiword
applications. and some users are expressing interest in
read-back capability.

However. most d-a converlers look much like the
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3. Lending a helping hand. The mIcroprocessor can even become
parI 01 the converler loop Wllh the setup shown. the software
permits changing from a successive-approximation a -d to a traCking
a-d. or even uSing both methods 10 their best advantage

infamous write-only memory. The latch and read-back
capability may be provided directly by a number of
different programable interface chips, while other inter-
face devices can produce this function via external
latches. If a eonverter has its own latches, they can
achieve double buffering or de-skew multi-word data.

A trio of software interrupts

A-d converters offer many more choices of operating
modes thac d-a converters. If the a-d is operated contin-
uously, the microprocessor can access the most recent
data, treating the a-d much like read-only memory. For
a nonmultiplexed one-word interface, such a system may
be adequate. However, most other interfaces require an
interrupt capability.

reset downstep limit
restore value
check upstep limit

Interrupts may be of three general types. One. known
as the direct-memory-access or non-processor interrupt.
steals an entire microprocessor cycle or a portion of one
and transfers the digitized data from the a-d directly to a
memory location by controlling the bus during this cycle.
Because of the amount of hardware required. however.
this type of interrupt is largely restricted to disk inter-
faces. and it is probably of limited use with a-d convert-
ers. One exception is the Intersi11M6100/6102 chip pair
that provides the necessary hardware for direct-memory
access.

The second ty·pe. which is called a nonvectored inter-
rupt. causes the microprocessor to stop whatever it was
doing after completing the current instruction. save
certain vital information in an appropriate place. and
jump to a predefined location. This predefined location
should contain a routing for polling all relevant peri-
pherals to determine which caused the interrupt so that
the right peripheral is serviced. Finally. the interrupt is
cleared, the vital information restored. and the micropro-
cessor resumes what it had been doing.

With the third or vectored type of interrupt. the
interrupting device sends out the address of its own
service routine (the vector) at the appropriate time. This
type of interrupt docs not require polling of all the
peripherals. Both the vectored and nonvectored inter-
rupts can be regarded as software techniques, since the
actual data transfer is controlled by instructions.

In systems that might have several peripherals inter-
rupt simultaneously, some priority system is essential.
The polling sequence of the non vectored interrupt
performs this function almost automatically. but the
other two interrupts usually have hardware provisions
for establishing priority. Motorola's MC6800/6820 chip
pair is an example of a nonvectored or polling interrupt,
while Intersil's IM61 00/61 01 devices provide vectored
priority interrupt, as well as direct-memory-access capa-
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bility with the addition of somc extra hardware.
With any of these interrupt schemes. the a-d converter

may run continuously. But every time new data is
available. the converter will interrupt the microproces-
sor. and the data will be transferred to memory. For
multiword applications. thc word sequencc may be
controlled by the converter with several interruptions. as
in Fig. I a. or by the microprocessor on one interrupt, as
in Fig. I b. Multiplexer-command words may be scnt out
during these interrupts. if they are of the software type.

Alternatively. the a-d mal be instructed to convert.
and the microprocessor is intcrrupted only after a
conversion has been completed. A variation of this
technique is depietcd in Fig. 2a. which shows how the
bidirectional characteristics of the l;i\R I arc used to send
out a multiplex address that triggers a conversion after it
has becn received. At the end of the conversion caused
by the multiplex address. thc microprocessor is inter-
rupted with the data. This whole operation could be
performed at the ends of a long two- or three-wire
system or even over telephone lines if one end of the
system is as far away as the other side of the world.

One additional interface possibility is the interrogate-
and-wait-till-ready approach. Although this method
involves only polling of a status word. rather than
interrupt processing. it is limited to use with under-
utilized microprocessors or fast a-d converters. However.
such an approach does simplify the software. and for
one-of-a-kind designs. it may prove cost-effective.

Finally. as might be expected. all the above interfaces
can be run by a programable interface device under
softwarc control that permits the operating mode of a
converter to be changed at any time.

The software depends on the microprocessor. of
course. The instruction set uses one of two methods for

transferring data between peripheral devices and
memory.

One involves specific I o-transfer instructions. which
usually transfer data between an accumulator or register
and tlte converter register (or a register of the progra-
mabie interface device). This method has some portion
of the I/o-transfer instruction devoted to a peripheral
address and another portion for controlling the operation
to be performed. Thus. instructions other th~n those
involving only data transfer can be performed - for
instance. skip on flag for wait-till-ready routines. Micro-
processors that permit this form of software include the
lntersil IM6100. IJI·(·S POP-8 on which it is based. and
letcl's 8008 and 8080.

Another way to handle data transfer

The other form of software data transfer involves
treating the peripheral device registers the same as
memory. In this situation. no special 10 instructions are
needed. and both arithmetic and logical operations can
be performed directly on the peripheral's data. The
simplicity and power of this method has led to its wide
acceptance in such minicomputers as the DEe POP-II.
and it has appeared in several microprocessors. too.
including Motorola's 6800 and MOS Technology's 650X
families.

However. that technique has its drawbacks. The peri-
pheral-device registers occupy what would otherwise be
memory space. and only full words (sometimes bytes)
can be exchanged or handled between registers. A wait-
till-ready routine, for example, requires reading the
control words and stripping the relevant bits. as well as
test and skip operations.

An additional software concern related to a-d and d-a
converters is the ease of working with double-precision
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(or multiprecision) arithmetic for handling. say 10 to 16
bits in an 8-bit machine. For applications involving BCD

converters, the degree of difficulty in converting between
binary and BCD codes can be a factor in the interface.
Some microprocessors. however, offer the ultimate in
software simplicity, even including code-conversion
instructions-among them, the Intel 4004 and the MOS

Technology 650X series.
One factor sometimes overlooked when considering

converter speeds is the length of the service routiae
required to handle the data. This routine usually involves
lnore than simply storing the data in some memory
location until it is overwritten by the next value.

INTERSll
IM6101

PROG RAM ABLE
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A typical service routine could require that a zero
correction factor be accessed and subtracted, maybe a
scale factor used, and then upper- and/or lower-limit
values accessed and compared, or a comparison made
with a previous value.

On the basis of an out-of-limit value, a certain rate of
change, or a possible maverick reading, a decision might
have to be made either to flag an alarm or to adjust some
system parameter. Also. a new conversion should be
initiated. All this activity can easily take several hundred
instruction cycles, especially if double-precision arith-
metic is required, and total execution time can run as
long as I millisecond.
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One aspect of the microprocessor-converter interface
that does not fit easily into any of the preceding discus-
sions certainly deserves mention is the use of the micro-
processor as part of the a-d system.

For successive-approximation conversion. a d-a con-
verter and a comparator can be interfaced to the micro-
processor, as shown. in Fig. 3. The successive-approxima-
tion routine is implemented in software, and the same
d-a can be used for analog outputs. For a moderate
increase in the software overhead, a tracking a-d
converter can be substituted, or better yet, a routine can
be used to convert readily from one conversion system to
the other, thereby utilizing the advantages of both
techniques. Software routines to do this are available in
such microprocessor-system libraries as Intel's MCS4
and MCS8.

The integrating converter system

For the under-utilized microprocessor, the same tech-
nique can be applied to dual-slope and charge-balancing
conversion systems. The digital signals to control the
integration steps can be derived from the control signals
or one of the data registers of a programable interface
device. with the microprocessor counting the time peri-
ods. Timing may be accomplished by having a timer
interrupt the microprocessor at regular intervals or by
counting around instruction loops of known length,
although this process may preclude interrupts from other
peripherals.

For a charge-balancing device like Intersil's LDll1
analog a-d processor, the timer interrupt is virtually
mandatory. The up/down switching for this device must
be continued through all cycles, including auto-zero, so
the microprocessor overhead can be substantial. A
suitable interface is shown in Fig. 4, along with a
summary of a possible software routine.

Dual-slope conversion (Fig. 5) is easier on the soft-
ware. During the auto-zero portion of the conversion
cycle. no actions are necessary. Since only a minimum
time is required, any extra unaccounted time taken by
interrupts is not important. During the input-integration
interval, other routines and interrupts can be serviced if
the time-counter location is incremented and tested after
the correct number of instruction cycles. (All routines
take a multiple of this numbeL) If the comparator is set
to interrupt on the integrator's zero crossing, other
routines and interrupts can also be serviced during the
reference-integrate interval of the a-d conversion cycle.

With care in programing, one microprocessor could
handle several a-d conversions simultaneously. This type
of interface is generating some interest in applications
where scale factors are important and where a micropro-
cessor may be waiting for the result, as in point-of-.sale
terminals.

Interlacing v-I converters

A few words should be said about interfacing with
voltage-to-frequency converters, which offer another
approach to a-d conversion. These devices do not have
much value in microprocessor-based systems because of
the asynchronous nature of their outputs. Their value lies
in the transmission of single-parameter information over

twisted-pair wires to a remote location, where the
receiver is a frequency-ta-voltage converter or a low-cost
digital frequency meteL

If a v-f converter is essential to the application, a
programable interface device can communicate with a
gated counter, too. But if the microprocessor must do the
counting, two sets of interrupts are required-one on
each incoming pulse with a routine to increment a
memory location, and another at the gating period to
transfer the result and reset the counter. The gating
timer may be implemented with standard clock-gener-
ating chips like the Intersil ICM7038, or by one of the
microprocessor peripheral timers, like MOS Technology's
6530 or Intersil's I M61 02.

Interfacing an a-d converter with a microprocessor
may be a fairly complex job, but new hardware develop-
ments are helping to simplify the task. Some converters
now provide triple-state buffered outputs that deliver
handshake-oriented signals for the microprocessor inter-
face. Some complete data-acquisition subsystems on
printed-circuit boards or implemented as compact hand-
sized modules can even be plugged directly into micro-
processor-based systems.

Easier times ahead

In the near future, converters are likely to offer direct
compatibility with UART devices, and converters may be
built to contain their own universal asynchronous trans-
mitters or receivers. If bus standards are developed,
converters probably will include at least some of the
address and handshake signals, in addition to the data-
line interface. Also, microprocessors with on-board user-
accessible memory are already beginning to appear and
will go a long way toward taking the hardships out of
interfacing.

Since software is closely tied to the specific applica-
tion, its development depends on how microprocessors
and converters will be used in the future. Additional
applications assistance probably will take the form of
example interface routines for popular or proprietary
microprocessors oriented to generalized tasks. Software
optimization may also have some influence on the fine
design details of microprocessor-oriented converters.
although the increasingly lower cost of ROMS will not
permit extensive improvements along these lines to be
sufficiently viable. 0



Straight talk on
AID converter boards
There's a lot more to picking an
AID system than just looking at spec sheets.

Larry Copeland,
Datel Systems, Ine.
Canton, MA

Control engineers are using microcomputers and mini-
computers for more and more data acquisition and con-
trol applications. In almost all cases, these computer-
based systems will require an analog-to-di!(ital (I /n)
converter to make analo~ measurement signals com-
patible "ith the digital processors.

As a supplier of '1/" converters, we continually find
ourselves answering the same questions about speed,
accuracy, resolution, expansion and cost. To help clear
up some of the myths and misconceptions about con-
verters, this article will explore the topics that seem to
concern you.

How much accuracy?
The question of how much accuracy is needed comes

up a great deal, especially when a user has an 8-bit mi-
crocomputer and, for simplicity, wants to use an 8- bit
A/D converter. Users often say that since their process
transducers only have \2% accuracy, an 8-b1t A/" con-
verter should be just right for the job.

Although Table I shows that an 8-bit converter does,
indeed, have 0.4% accuracy, it's not that simple. The

table assumes an ideal perfect conversion of signals
ri!(ht at the input terminals of the converter. This does
not consider system accuracy, which can be affected by
temperature drift, noise, nonlinearity, common mode
volta!(es, power supply rejection, transducer dead band,
hysteresis, al iasin~ errors, and so on.

These errors combine in complex ways to produce an
overall system accuracy-or inaccuracy-that can be
sil?:nificant. The resolution and accuracy of a converter
must be substantially beller than the overall system ac-
curacy, so many users find themselves needing 10- or
12-bit converters, or beller.

Even if system accuracy requirements are not diffi-
cult to meet, process transducers have dynamic ranges
that must be considered. Dynamic range means the dif-
ference between the maximum full scale signal and
lowest resolvable si!(nal. Many 0.5% accuracy trans-
ducers have dynamic ranges of up to 80 to 90 dB, and
that requires at least a 12-bit A/" converter (see Table
I} To retain dynamic ran!(e, in some applications you
should consider a 14-bit or 16-bit converter, or use a
programmable gain amplifier (see Glossary)
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Obtaining ~reater resolution is usually done at the
expenseof conversion speed.Costs go up too. A typical
14-bit A/O requires about 60 microseconds to perform a
conversion, and its cost ~oes up sharply: A 14-bit A/n
converter costs $251 vs $124 for a 12-bit device. Six-
teen-bit conversions are best done with an in tegrating
type of converter which is economical but very slow-
conversions are done in milliseconds. In contrast, a 12-
bit conversion can take place in 20 microseconds.

Many customers are curious to know why higher res-
olution converters are so much more expensive. Increas-
ing an ,,/n converter from 8-bit resolution to, say, 12
bits is not simply a matter of adding a quad switch and
more resistors to the ladder network The entire ,/n
converter system must comply with 12-bit performance,
including the reference source, thin-film ladder net-
work, multiplexer, sample/hold amplifier, and input
differential amplifier.

There are two basic options to trade off resolution.
speed and cost:
• Many industrial applications require up to 14 bits
of resolution. Yet 14-bit ,/o's are fairly slow and quite
expensive. A common solution is to take a faster, cheap-
er 12-bit COWJerterand add a programmable gain am-
plifier (1'(;.,) "front end." Since 14 bits is 4 times the

resolution of 12 bits, popular I'(;"s with digitally-coded
XI, X2, X4 and X8 ~ain rangesare ideal.
• If you don't need the speed, a 14- or 16-bit in-
tegratin~ ,,/n converter will give the required resolu-
tion and dynamic range at lower costs.Typically sam-
pling on the order of 50 conversions per second, these
converters are slower than successive approximation
types.

Noise filtering
An "/0 converter very faithfully converts anything

you feed it-transducer signals, HF interference, switch-
ing transients, ac hum and so on. With its super fast
sample/hold circuit, the '/0 system will pick off a nar-
row slice of a composite signal and noise waveform and
dutifully convert it to a digital output. It will not tell
you .which part is signal and which part is noise.

If you have as little as 1% noise in your signal, watch
out. That 1% noise will affect 4 or 5 uf the least si~nifi-
cant bits of a 12-bit converter-so much that you can
see them dance. Try it yourself: Set your,/n to sample.
a noisy input at a modest rate, such as 100 conversions
per second,and display the "/" output on the indicator
li~hts on YOllrcomputer. If ),ou have I % noise, the last
4 or 5 bits "ill jump around like crazy.

Accur.ey: In a measurement system, accuracy is
the amount of deviation or error that the output will
vary from an expected ideal or absolute output. Ac-
curacy may be expressed as a portion (percentage,
parts per million, dB, etc) of the positive or negatlve
full scale range or as a percentage of any reading
between positive or negative full scale (% of read-
ing). Total system accuracy is composed of many
error sources inclUding temperature drifts, noise,
non-linearity, power supply variation and many
more factors beyond the scope of this article. Each
element in a measurement system contributes its
own errors, and each shouid be separately speci-
fied if they contribute significantly to the degrada-
tion of total system accuracy.

Aliasing: A sampling data system, such as an AID
converter, tends to produce false outputs (namely
periodic false beat notes) if the sampling rate is in-
sufficient compared to the highest frequency spec-
tra of the input signal. Various solutions cure alias-
ing, including faster sampling and low pass filter-
ing. A simplified expression of the Sampling Theo-
rem states that the sampling rate must be at least
twice the frequency of the highest frequency spec-
tra in a measured signal to avoid aliasing and loss
of data

full scale signal and the smallest resoivable signal
is a system's dynamic range. Generally the signal
becomes indecipherable when it approaches the
limits of resolution or is buried in noise.

Programmable Gain Amplifier (PGA): This differ-
ential instrumentation amplifier changes its amplifi-
cation on command from a digital code supplied
through a program instruction. PGA's are used to
fit a wide dynamic range signal into a lower·resolu-
tion, lower-cost AID converter. Generally, PGA's in-
clude range decoding. For example, Datel's AM-
251B uses two bits to select 4 gains of X1,X2, X4 or
XB corresponding to ranges of ±10V, ±5V, ±2.5V,
or ±1.25V. Real-world PGA's are design com-
promises between stability, common mode rejec-
tion, noise, settling time, number of gain steps, size
and cost. Generally, a PGA combined with a me-
dium cost AID has better performance and greater
application flexibility than a single high resolution
AID alone.

Resolution: The smaliest possible change in the in-
put which can be measured is a system's resolu-
tion. The term is akin to the smallest scale gradu-
ations on a thermometer, meter face or ruler. In AI
D systems, resolution is usually Iimi.ted by system
structural factors, principally the number of bits
used to quantize the input signal.



Best accuracy as Best accuracy in
Digital encoded percentage of Dynamic parts per million LSB value

dala Resolution full scale range range (ppm) if lull scale +10V

2 SCD Digits 1 part in 100 1% 40dS 100 mV
2% BCD Digits 1 part in 200 0.5% 46dS 50 mV
8 Binary Bits 1 part In 256 04°1 48dS 39 mV
3 BCD Digits 1 part In 1000 0.1°'0 60dS 1000 ppm 10 mV
10 Binary Bits 1 part In 1024 0.1% 60dS 1000 ppm 10 mV
3% BCD Digits 1 part in 2000 0.05% 66dS 500 ppm 5 mV
12 Binary Bits 1 part In 4096 0024% 72dS 240 ppm 24 mV
4 BCD Digits 1 part In 10.000 001% 80dS 100 ppm 1 mV
14 Binary Bits 1 part in 16.384 0.006% 84.5dS 59 ppm 600 "V
4'h BCD Digits 1 part in 20,000 0.005% 86dS 50 ppm 500 "V

Noise filtering obviously is a major concern of our
customers, If you have, or expect to have. a noise prob-
lem, it's best to filter with hardware. You should filter
close to the transducers, if possible, and watch out for
periodic high frequency noise (set> "aliasin!(" in Glossa-
ry). Most \/Il manufacturers can help you out \\ ith
hardware filtering problems.

You can also filter with software. OM easy way to do
this is with an averagin~ method, and if you pick the
ri!(ht number of points to average, it's simple. If you
pick any number of points that represents a power of
two-such as 2, 4, 8, 16, and so on-then taking the av-
erage is simple. After you've summed the inputs, sim-
ply shift the sum to the ri!(ht and you'll have the a,er-
a~e. If you're avera~in!( two points, shift ri~ht one bit;
for four points, snift the sum two bits; for 8 points, shift
ri~ht 3. This method works because computers operate
on binary arithmetic, and each one bit shift to the right
represents a divide b} 2 operation.

Of course, if you decide to avera~e 27 samples, the
arithmetic is no longer easy. Also. if you have a severe
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Fig, 1: The cost per channel for AID converter
subsystems increases linearly after the initial mas-
ter board is purchased, " major components, such
as a pri nted circuit board or chassis, have to be
added, the costs can go up dramatically, Although
this figure illustrates Datel Systems components,
other manufacturers generally are within 10% of
these prices (assumi ng identical configurations).

noise problem-such as periodic high frequency noise
that produces severe aliasing in the data-you may
have to write a numerical analysis program in FOH-

'IIt\, or B,\"'J( to average out the beat notes. In this
case, it's better to filter with hardware.

Multichannel converters
Most applications require more than one \/n chan-

nel, so almost all converter manufacturers offer multi-
plexers that provide from 8 to 128 channels on one or
two boards. The boards can usually interface directly
with a variety of popular mini and microcomputers,
Prices vary from vendor to vendor. Table 2 shows Datel
System; prices for several 8080-based 'I" converter

Number of Modules required Total Costl
channels price channel

16 8T -800-16S ($595) ~ 595 $37.20
16-channel master board
With AID

32 5T-800-325 ($650) $ 650 $2030
32-channel master board
With AID

64 5T -800-32S ($650) $1065 $16.62
32-channel master

5T-800ADX325 ($415)
32 channels. slave mux
expander board, no AID

80 5T -800-325 ($650) $1125 $1408
32-channel master

5T-800ADX485 ($4751
48 channels. slave mull.
expander board. no AID

128 5T -800-325 ($650) $1600 $12.50
32-channel master

(2) ST-800ADX485 ($950)
48 channel expander boards

For slngh::~·ended 12·blt. B080-based AID peripherals



Cornered by success
One of our customers decided to expand an exist-
ing control system by installing a microprocessor-
based data acquisition and control system at a re-
mote site. The existing control system, a large mini-
computer a<;ting as a central host already had
many input channels installed with direct cables.

From past experience, we felt the customer
would probably want to add many more channels,
DI A outputs and additional remote site controllers
later on. More importantly, we felt he should stick
with a microcomputer version of his central mini-
computer. This would enable him to use common
programming languages, peripheral drivers and
communications protocols. But the customer per-
sisted with a low-cost Brand X microprocessor,
home-brew chassis, power supply and custom pro-
gramming. Ultimately, the system got working-sort
of.

The remote micro had communication difficulties
with the host mini, but the advantages of being able
to locally control the process on site had the pre-
dictable result: The plant manager was impressed
enough to authorize funding for six more remote
systems. Now the scramble began. The design en-
gineers had to untangle thl! software problems and
hand-build six more custom units.

We finally convinced the customer to switch to a
microcomputer version 01 his central mini. The off-
the-shelf software supplied with the micro solved
his communications problems. Then we convinced
him to use "packaged" AID and DI A systems that
come complete with power supplies and allow for
future expansion. The happy ending was a system
that works smoothly, has room for future ex-
pansion, and can be duplicated easily for additional
applications.

modules. Figure 1 is a graph of cost vs. channel capac-
ity, so you can get a general idea of how much the A/D
peripherals will cost for your particular application.

Some companies offer a variety of channel expansion
methods, but the variety is not infinite. For example, if
your system has reached capacity and you want to add
a few more input channels, the manufacturer will have
to charge you for the next increment of channel ex-
pansion-which may be many more channels than you
need. Channel expansion is usually in increments of 16,
32 or 48 channels.

Many customers are concerned about the additional
cost of A/D channels and want to specify only the ca-
pacity that they need. While this is a good idea, be sure
you don't limit yourself. Keep in mind that you will
probably think of some other parameter that needs to
be measured (if you don't think of it, someone else
wi1l~

If your calculations say that you need a certain num-
ber of channels, check the manufacturers you are con-

sidering to see what their next increment is. For ex-
ample, if you need 30 channels and are considering a
32-channel A/D from Manufacturer X, is his next in-
crement 48 or 64 channels? Will you have 10 buy an en-
tire chassis or jusl an expansion board if you need more
channels?

By selecting your multichannel A/D components
carefully, you may spend a little more now, but you can
also save a great deal if you have to expand in the fu-
ture.

Getting out of the corner
Multichannel A/D converters that offer speed, accura-

cy and direct interfacing to your computer are ex-
pensive, to be sure. Although we certainly appreciate
your need for economy, let me point out one rule of the
data acquisition business: Don't paint yourself into a
corner!

Stand back from your project for a few minutes and
consider a few things. You are not simply buying a
processor, data acquisition hardware, transducers and
an output terminal You are buying a system that will
provide useful data for a measurement or control appli-
cation over a long period of time. Don't let the details
blind you into not seeing your system's function.

It is false economy to specify an 8-bit micro and an
8-bit A/D converter only to find out six months from
now that your system isn't big enough or fast enough to
handle the data. Anticipate that others may want to ap-
ply your system-or one just like it-to applications
you haven't considered. If more people begin using
your system, design limitations may begin to cripple it.
Something as simple as the number of wires in the
cable or the hardware/software methods for multiplex-
ing data can come back to haunt your later on.

And there's always the unexpected After you've had
your system running for awhile, don't be amazed if the
plant manager asks you to provide additional inputs
from a processing site half a mile away. The half mile
may seem insignificant to the plant manager, but you
have to solve tlie communications problem-perhaps
with modems, coaxial cable or a microwave unit If
your processor can'l handle the additional data acquisi-
tion and communications work, you've got a problem.
This is exactly the place not to be painted into a corner
with a modest processor struggling to handle every-
thing and no simple way to expand

Anticipate that you may not see all the ramifications
of your system design. Try to draw on the experiences
of others who have installed systems. Select manufac-
turers who offer a variety of systems with expand ability
features, and don't buy a processor or an A/D input sys-
tem on price alone. If you plan for future problems,
maybe they won't be problems .•
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A great many of the applications employing micro-
computers also require some form of analog input
or analog outpuLl It is estimated that 37% of all
computer applications require some form of analog
110, The majority of these application areas can be
classified as Data Measurement/Collection or Pro-
cess Monitoring/Control.
Since most sensors and control elements are analog
in nature, it is obvious that in areas where measure-
ment and control are required, analog signals arc
most likely to be present and, thel'efore. must be
generated (D-A'sl or measured (A-D's!.
The actual application determines both the type
and number of analog signals involved_ 1n some
process control or process monitoring applications,
hundreds of control points are being continuously
measured. In these applications, the Data Acquisi-
tion System is more likely to be a rack mounted
system separate from the computer, In other less
complex systems, the number of analog signals
would be in the area of 4-100 points. Micro-computer
systems tend to be smaller in scope: and it is these
type applications that are being considered here.
Fewer analog channels allow having the analo,!.{
circuitry located direetly on the same P.C. board
as the 110 interface logic. This resulting unit is
treated as a standard 110 peripheral and is offered
by several manufacturers in many different versions
with each version capable of providing many dif-
ferent options.
These peripherals are offered in the following
versions:

a_ Analog-in IA-D only) with 8-54 channel input
capability.

b. Multiplexer expander units for applications
requiring additional analog- channels.

c, Analog-out ID-A only) with from 4-8 channel
output capability.

d. Analog-out expander boards for multi-channel
analo.£{out eapability.

e. Combination A-D/D-A units with 8-32 analog
input and 1-4 analog output channels.

01 applications having some form of analog in/out,
45% have analog-in only, 15% have analog-out only
and 40% require both analog input and analogoutput
peripherals. The number of analog output channels
may be superficially inflated, as in some applications,
they are merely used for self-testing or calihrating
the A-D section, At other times. the D-A's are used
only to reproduce selected analog input channels
on a strip chart recorder or CRT.
Typical optional features are listed below:

a. Single ended or differential analog inputs.
b. Current loop (i.e. 4-20mA) inputs.
c. High level analog inputs (0 to +5V, 0 to + lOV,

±5V, ±lOV).
d. Low Level (lO-lOOmV full scalel analog inputs

requiring instrumentation amplifiers witb
gains of 100-1000.

e. Amplifier with software programmahle gains
of 1, 2. 4, and 8.

f. Operation under program control, program
interrupt or DMA.

g. With or without DC to DC converter to gener-
ate ±15 volts power (from +5V supply) for
analog circuitry.

h. Simultaneous sample and hold circuits on
analog input cbannels_

i. Different full scale voltage ranges on analog
outputs.

j. Current loop (4-20mAl on analog output
channels.

The aetual applications described in this paper were
selected as typical of those peculiar to micro-
computers_ These applications may not have been
feasible. 0conomicallv or otherwise, to have been
accomplisbed using ~ mini-computer. Additionally,
the applieations were selected depicting different
versions and options of the analog 110 peripherals
and their employment in different application areas.
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Monitoring Operating Status of
Reactor During Power Station Start-Up

Putting a reactor on-line at a nuclear power station
requires a precise procedure with detailed infor-
mation on the operating condition of many devices.
This information must be available at all steps of
the start-up procedure.

"MONITORING STATION"

CRT TERMINALS. HARD COpy
PRINTERS. ALARM SIGNALS

In this application, it was necessary to monitor the
status of 150 points. The physical parameters being
measured were temperature, pressure, and water
flow. The Reactor Vendor chose to use a micro-
computer for cost reasons and because the power
of a mini was not warranted. The outputs of the
transducers were connected to a Signal Conditioning
Unit which generated analog voltages in the 0 to
+10V range for inputting to the measurement
system.

The measurement system operated in two modes:
a. A slow scan mode to sense long term trends

where each sensor was measured four times
per hour.

b. A fast scan mode to look at primary impor-
tant sensors during start-up or when taking
the reactor off-line.

The reactor vendor desired to operate the unit in
a DMA mode to poll all units quickly and then
release the machine to perform other control func-
tions. The Datel analog I/O boards (ST-800-32S)
were capable of being operated in DMA and the
ST-800-ADX boards allowed for expansion to 150
channels in increments of 48 channels per board.
This application was as a monitoring station for
operator information only and was not used as a con-
trol system as there was no feedback to the system.
While the primary function of this system was for
monitoring purposes when putting the reactor on
or off line, it is now being evaluated as a monitoring
system during power station operation. It is ex-
tremely important that equipment repair or replace-
ment be performed during scheduled maintenance
periods.
If the system is monitoring a group of pumps, and
detects excessive wobble on one pump shaft, main-
tenance personnel can be alerted to replace or repair
the pump during the next scheduled maintenance
period. If it failed, causing an unscheduled shut-
down, the power plant would have to decrease the
amount of power it could be depended upon to
supply the grid.
By using micro-computers, these monitoring sta-
tions can be dedicated to specific groups of equip-
ment and could be spread out over the power station.
Employing the monitoring system in this manner,
can he proven to be extremely cost effective.

Digital Flight Controlled Simulator
This system was developed by the Redundancy
Management Laboratory of BMAD (Boeing Military
Airplane Development). The application illustrates
a system that employs both mini and micro-
computers. The Data General NOVA mini-computer
was used for central processing and an Intel
SBC-BO/IO was used for distributed I/O.
This research effort was to investigate system
problems associated with redundant high reliability
digital flight control. As a result of using redundant
controls for higher reliability operation, two sets
each of NOVA's mini-computers, SBC-80's micro-
computers and Datel SineTrac analog I/O peri-
pherals, were employed.



The analog I/O peripherals were connected to an
airframe simulator consisting of an analog computer,
actuators, and a two axis platform on which sensors
were mounted, The system contained 6 analog out-
puts (D-A's) and 18 analog inputs. The outputs
entered an analog computer which drove aircraft
actuators connected to the 2 axis platform. The
actuators were dual with selection clutches for
operation under control of one redundant system
or the other.
An operator station is associated with each mini-
computer, whereby the operator may input com-
mands to the system to have the system simulate
an abrupt altitude change from one position to
another. The s~'stem would simulate this, via pro-
grams in the mini-computer, and measure changes
from the sensors mounted on the simulator and
generate commands (analog signals) to the simulator
to stabilize the airframe,
The data acquisition system samples analog inputs
from the simulator which are representative of the
following:

a. Roll information from vertical gyros.
b. Pitch information from vertical gyros.
c, Roll rate from rate gyros.
d. Pitch rate from rate gyros.
e. Altitude information simulated from the

analog computer.
f. Engine speed information simulated from the

analog computer.
The micro-computer does some prescaling and limit
checking on the data and sends the results to the
mini-computer for processing. The mini-computer
contains a full set of flight control equations and
after processing the data transmits information back
to the micro-computer for stabilizing the simulated
airplane.

The micro-computer does some error checking on
the data received and outputs to the micro-com-
puter analog output peripheral (D-A). The output of
the D-A's contain pitch, roll and throttle informa-
tion which enter a small analog computer which
drives the dual actuators controlling the 2 axis
platform.

Automatic Production Test Equipment
This system monitors the status of 64 products
under life test. It can scan 64 similar products at
preset time intervals outputting to the operator
a hardcopy printout and a visual display of each
product's status as it is scanned. Alarm levels are
set to flag an item that is out of tolerance.
The parameters being measured are from photocells
and pressure and temperature sensors. The signal
conditioning section performs two functions:

a. Amplifies the low level (2omV full scale) input
to high level (lOV full scale).

b. Isolates and ground references the signals that
had high common mode voltages (up to lKV)
or contained noise spikes of up to 150 volts.

The sequencing logic allows the data logger to
make multi readings as each product is individually
scanned. At each dual point the sequencer allows
several conditions to be read and outputted to the
logger. Timingand data channel number information
is provided by the microprocessor to the sequencing
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logic. The sequencer allows the data to be moni-
tored as various loading and stress effects are
changed on the product under life test. In actuality,
64xN readings can be taken, where N represents
the number of indexing steps of the load sequencer.
The microprocessor multiplexing technique was
utilized because of the off-the-shelf availability of
compatible products. namely, the Intel SBC-80/1O
Single Board Micro-computer and the Datel Sine-
Trac 800 Series Analog I/O System. The in-house
availability of a micro-computer software develop-
ment s~'stem and a PL/M high level language
compiler allowed us to turn around software for
this system rather I'apidly.
The block diagram at the upper right hand corner
of this page depicts the component parts of the
system.

Local Microcontrollers Return
Control to Process Site
This is a process control application for a materials
manufaeturer who is measuring 53 channels of tem-
perature. pressure. line speed and other types of
process data. Low level analog signals from the
sensors are signal conditioned by external instru-
mentation amplifiers to present high level analog
signals to the Datel SineTrac Data Acquisition ana-
log input peripheral unit (ST-800-32Sl. Additional
high level analog channels (channels ;)3-531. are
entered through a Datel analog channel expander
board IST-800-ADXl. Low level signal input ranges
were up to 50m V full scale and each had a band-
width of less than 20Hz.
The analog channels are selected and digitized under
control of the Intel l\1icro-computer ISBe-SO 1O1.
The micro-computer performs some computation
and processing- opt'rations on the di,gitized analog
data and some swiLeh position inputs. The micro-
computer outputs in two ways:

a. It generates ~O analog- signals via D-A con-
verters located on Dalel analog output peri-
pheral boards IST-800-DA8l. Thl'se analog
outputs drive actuators in the manufacturing
process to complete the real time. computer
aided process control loops.

b. Additionally. the computer outputs data to a
local monitoring station. Process status is dis-
played in the form of bar grapbs on a color CRT
as \\'l'lI as to some digital meters displaying-
several process variahltls in engineering units.

By using )ocal micro-controllers at different stages
of the process (versus a large remote main frame
controlling the whok~ prut'<.'ssl. several advantages
are realized.

a. It allows local line personnel to correct
problems or fine tune the system by manual
override.

b. Reduces miles of expensive cabling.
c. Reduces cost.
d. Reduces the possibility of misinterpretation

of opel-ation by operators at a remote computer
site and allows on-site personnel to diagnose
errors 01' process quality problems.

Air Qualit.v Monitoring and Data
Logging System

The basic function of this micro-processor based
data acquisition system is in the field of air quality
monitoring and data reduetion. A primary function
i~ to analyze and l'l\eOrO wind speed. direction, and
radiation in the atmosphere after a llue]ear ex-
plosion. lL can also be employed to measure and
record air quality in pollution control endeavors.
It is a self-contained system capable of being hat-
tl'ry operated for unattended operation. The system
eontains thl\ foll()\\"in,t( component parts:

1. A bus orientated micro-computer using both
random a('el'Ss and read only memory \\'hieh
stores the operating program.

~. A Date! [Gchannel diffel'l'ntial micro-computer
analol!; input pl'l-ipheral Ibus compatible to the
micro-computl'rl ,,"ith [~ bit A-D ('OI1\'erter.

;). :\. !OOyear real time ('ail'ndar clock.
4. 0pl'rator control pam'l with LED displa,'s and

thumbll'lll'l'! switches [or operator interaelion.
.). :\M cassette tape drive.
G. Opl'rational hard copy linl' printer.



The inputs to the system are analog signals from
analyzers monitoring such parameters as wind
speed, wind direction, sulfur dioxide content, nitro-
gen oxide and other parameters as determined by
monitoring application. The analog input peripheral,
under control of the microprocessor, digitizes the
analyzer information to 12 bit accuracy_

SENSORS
WIND SPEED, WIND DIRECTION, SULFUR
DIOXIDE, OXIDE OF NITROGEN, ETC.

MICAOPAOCESSOR BASED
DATA ACQUISITION SYSTEM

ENVIRONMENTAL

The microcomputer stores the dig-itized information
in random access memory where it is used in one
of three ways:

1. It can be displayed on the Front Control Panel
which allows for switch selection of the chan-
nels's data to be displayed,

2. It can be recorded directly on the tape cas-
sette or sent out to the hard copy printer,

3, It can be used to calculate hourly or daily
averages of any parameter and then output
that average value.

The real time clock g-enerates time in years, Julian
day, hour, minute and second increments. Time can
be set by front panel thumhwheel switches and
displayed on front Panel LED's,
The Front Panel allows operator intervention for
reading the status of selected inputs, read the time,
set the real time clock, and actuate a reset push-
button switch for program restart.
The casselt recorder operates at :)() IPS in an
incremental mode with an average eapacity of
lO:!,O{)O hytes, It is servo controlled and has an
errol' rate of 10'"
Other optional components are:

a. lIard copy line printer.
h. Analog- input expansion to 2;'j()channels.
c. Back-up haltery pack.
d. Engineering units display.

Global Mapping of Distribution of Physical
Structure of Clouds
This research effort is being conducted under the
auspices of the NASA Goddard Space Flight Center,
Maps of parameters indicative of cloud physical
structure are of principal value in studies of the
earth's climate, The parameters to be measured are
cloud amount, optical thickness, altitude, tempera-
ture, therlnodynamic phase and particle number
density, Global distributions of these parameters
will be assembled according to season and local time
and in this format will serve as input data to climate
models based on radiative energ-y balance, This data
base will also be of use in meteorological studies
of shorter time scale such as severe storm and cloud
phY3icai studies,
The cloud climatology experiment combines active
and passive remote observation techniques to infer
cloud parameters. The passive section consists of
a Cloud Physics Radiometer (CPR) which is an 8
channel scanning radiometer with 7 channels in the
near infrared and one channel in the thermal infra-
reel. The acti ve section consists of a cloud Lidar
System (CLS) which is a two wavelength polarized
scanning- laser radar. To prove the sensor technique
and the utility of the data, engineering models of the
CPR and the CLS will be flown on a NASA hig-h
altitude aircraft. Results from these fJig-hts will he
used to design a Space Shuttle (Spacelab) sensor
system. A block diag-ram of the CLS system is
pictured here as an application example of a micro-
computer with analog- I/O.



~ DATA ACQUISITION & CONVERSION HANDBOOK

The micro-computer controlled all operating sec-
tions of the system. The most important reason a
micro-computer was used in this applicaiton was
physical size as the entire system was to be installed
on an aircraft.
The Data Acquisition micro-computer peripheral
monitored the following parameters:

a. All system power supply voltages.
b. Temperature in all system boxes.
c. Pressure in all system boxes.
d. Laser water flow.
e. Laser water temperature.

The Data Distribution (D-A'sl micro-computer
peripheral is employed as a IJP controlled test
fixture with quick look CRT terminals.

Applying computers for collecting data and moni-
toring patients has been going on for many years.
Previously. in most cases, the monitoring computer
has been remotely located requiring the data to be
transmitted over considerable distances. Portable
bedside monitoring stations become feasible by
employing micro-computers and micro-computer
analog I/O peripherals. All such applications require
these analog conversion products, as the greatest
percentage of monitoring instruments provide
information in analog form. Additionally. the
number of parameters being monitored on each
patient lends itself to multi-channel Data Acquisi-
tion System applications.
The emergence of the IJcomputer has significantly
reduced the cost of the monitoring systems, actually
making them cost effective versus the very expen-

sive systems of ten years ago. Additionally, by being
able to employ a IJcomputer at each bedride sta-
tion, the types of measurements taken can differ,
catering to the exact needs of the patient. Moni-
toring stations can be located right at the bedside
with visual terminals or they can be located nearby
at the nurses' station.
As a result of the cost effectiveness, success in
the field, and the ever increasing demand for health
care, the present market of these products has
exceeded $200 million in 1976. The market will have
a growth rate of 36% through 1980 and reach $292
million by 1980.2

The particular application being detailed here is a
two-station patient monitoring system installed at
St. Vincent's Hospital in New York.
Station In monitors post-operative cardiac patients.
It is a portable bedside station capable of simul-
taneously monitoring two patients.
Station !l2 monitors patients with acute respira-
tory insufficiencies.
Up to 16 parameters are measured at the bedside
station. Gas flow and pressure transducers as well
as gas analyzers are used as measuring devices.
The system is supported by calibration devices for
flow, pressure and gas analyzing. A tank of a known
mixture of oxygen and carbon dioxide are used as
calibration standards for the gas analyzers. A source
of known positive pressure is used as a standard for
the gas pressure transducer. A pump of known
positive displacement is used as the calibration
standard for the gas flow transducer.
All calibration procedures typically last 30 seconds
and are operator initiated via a keyboard and then
micro-computer controlled. Long term drifts are
manually compensated for on a monthly basis.
The outputs of the sensors are digitized by the
micro-computer's analog input peripheral and the
data is transmitted via phone lines from the bedside
to another micro-computer at a central control
location. The second micro-computer interfaces to a
large host computer specifically programmed for
patient monitoring applications. The host computer
is programmed to derive from the transducer data
it receives, over thirty physiological functions.
These include blood pressure, heart rate, respira-
tory rate, resistance and compliance of the lungs,
maximum inspiratory pressure, oxygen intake, car-
bon dioxide exhaled, positive and expiratory pres-
sure; and measurement of tidal volume per breath.
This resulting computer information is transmitted
via phone lines back to the bedside micro-computer
station. There it is available at the nurses' station
either on a video display terminal or via a hard
copy printer. A keyboard is also located at the
station which allows the clinical staff to select which
parameters of each patient are to be monitored.



By employing Ilcomputers directly at portable
bedside stations, the potential is there for having
these computers operate independently of a host
computer. The measurement capability of the analog
I/O conversion units, and the computational and
storage ability of the computer, allow the displaying
of results, providing the attending physician with
important up-to-date physiological data. It should be
emphasized that computer based patient monitoring
does not replace clinical staff, but is a diagnostic
tool to aid in clinical decision making.

Color Correction Of Motion Picture Film For
Video Use
This application describes a system for the electronic
color correction of video signals produced going
from motion picture film to video tape. The main
features of this particular system are as follows:

a. Allow for scene by scene correction of hue
and saturation of the colors.

b. Allows for the matching of the spectral re-
sponse in motion picture colors to the spectral
distribution of the components in the "film-
to-video-converter" (Film Chain).

c. For color correcting at slow film speed prior
to the actual reproducing of the film at normal
speed. For sharpness and contrast reasons, it is
not desirable to reproduce on video tape while
running the film at a slow speed.

d. The corrected color data can be stored separ-
ately for use at a later date in producing new
video tape.

The main component parts of the system are des·
cribed below (see block diagram):

a. Film Projector on which the film being pro-
cessed is run. This unit sends signals to the
Film Chain Unit and frame signals to the C.P.U.

b. The Film Chain Unit is a film to video con-
verter which separates varying primary color
components to video signals to form a total
luminance signal.

c. Colnr Control Panel which consists of 3 separ-
ate panels.
1. Color Balance Panel which contains poten-

tiometers for controlling balance between
red, green and blue components of the
video signal.

2. The Luminance Panel allows for manually
controlling the gain, gamma and pedestal
of the red, green and blue signals.

3. The Hue and Saturation Panel controls the
hue and saturation level of the 3 primary
and 3 complementary colors of the video
signal.

d. A Datel SineTrac Analog Inpllt COIH'ersion
Peripheral which digitizes the correction sig-
nals from the control panel during the load or
set-up mode. The digitized color correction
values are stored in the C.P. U.

e. The Micro-compllter' performs the following
functions:
1. Directs the timing operations of the

system.
2. Performs control computations.
3. Stores corrected digital color data during

the set-up mode.
4. Outputs to D-A's the corrected data during

the run mode in sync with the proper film
frame or scene.

r. Datel Analog OlltPllt Peripheral which pro-
vides correction signals to the Film Chain Unit
during the run mode.

g. Video Tape Recorder records the corrected
video tape during the RUN cycle.

The actual system operation sequence is as follows:
The film is run on the projector on a frame by
frame, scene by scene basis. Intitially, a standard
correction value is selected to provide a picture
pleasing to the eye. Incremental corrections (from
the color control panel) are added or subtracted on
a scene by scene basis to compensate for different
lighting, color patterns, cameras, etc.
These corrected values are digitized by the A-D
peripheral and stored in the C.P.U. in sync with
the frame reference received from the projector.
The film can be rerun, stopping on selected frames,
until the desired color eff~ct is obtained.
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The film is rerun a final time and recorded on video
tape. The corrected color signals are sent out from
the C.P.V. to the D-A converters to generate the
correction signals to the film chain unit (film to
video converter).

Summary
The preceding applications illustrate two signifi-
cant facts:

a. Micro-computers are not only replacing mini's
in some applications, but more importantly, are
generating many new market areas.

b. By putting analog 110 conversion products
directly on micro-computer bus compatible
plug-in cards, users enjoy the following
advantages:
1. All interfacing logic is pre designed and

assembled on the same plug-in card as
analog circuitry.

2. Packaging and interface cabling problems
are eliminated.

3. Interface and support documentation is
readily available.

4. One supplier for both interface and analog
conversion circuitry.

5. Some suppliers offer diagnostic software
with the analog 110 peripherals.

6. Hardware and programmer's instruction
manual supplied with peripheral.

Micro-computeJ-s are being employed in new market
areas for the following reasons:

1. Most importantly because of their low costs.
2. Small size and lower power consumption.

3. Increased dependence on high technology to
reduce costs and increase performance in all
areas of modern living.

4. More interest on monitoring our effect on the
environment (i.e. air, water, chemicals, con-
tents of food, outer atmosphere, etc.).

5. Tendency among users to desire local control
of each computer application rather than
having a large centrally located computer
controlling many separate operations. This
allows local operators to control, monitor, and
visually oversee the actual effect of the com-
puter's operation and, if necessary, diagnose
and manually correct any misoperation. These
small local controller applications are best
illustrated in the Process Control application
where many small control computers could
replace one large centrally located process
control computer. Also, in the Patient Monitor-
ing Application, the bedside portable monitor-
ing stations would be much more effective than
one centrally located main frame computer.

As can be seen in these examples, micro-computers
in conjunction with their associated analog 110
conversion products, work together to accomplish
many most interesting and worthwhile applications.

Footnotes:
1. Data Acquisition Systems Marketing Report

Venture Development Corporation
Wellesley, Mass.

2. Patient Monitoring Market Report
Frost & Sullivan
Tew York, N.Y.
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Designing with a sample-hold won't be
a problem if you use the right circuit

Sample-hold circuits are widely used in analog
signal-processing and data-conversion systems to
store an analog voltage accurately over periods

ranging from less than a microsecond up to several
minutes. This capability suits them to numerous
applications including data-distribution systems,
data-acquisition systems, simultaneous sample-hold
systems, aid converter front ends, sampling os-
cilloscopes and DVMs, signal reconstruction filters,
and analog computation circuits.

Although sample-holds are conceptually simple,
their application is full of subtleties. In general,
applications that need only slow to moderate speed
and moderate accuracy generate few problems, but
high-speed, high-accuracy applications are the ones
that need careful design. An example of the latter is
taking a 10-V sample in one microsecond or less with
0.01% accuracy.

To select the right sample-hold for a particular job,
and apply it properly as well, requires understanding
the intricacies of its design and operation.

Basically speaking

A sample-hold circuit is fundamentally a "voltage
memory" device that stores a given voltage on a high-
quality capacitor. The circuit can take a voltage
sample and then "freeze" it for some specified period,
while some other circuit or system uses the voltage.

Fig. 1a shows a sample-hold circuit in conceptual
form. An electronic switch is connected to a hold
capacitor so that when the switch closes, the capacitor
charges to the input voltage. When the switch opens,

This first article of a three-part series covers
the fundamentals of sample-hold devices, then
discusses the various lcinds of circuits they use.
The second article, to follow soon, will examine
operating modes, while the third will give
guidelines for selection and describe a number
of applications.

the capacitor retains this charge and thus holds the
desired voltage for a specified period.

There are three important sets of terminals in a
sample-hold circuit: the analog input, the analog
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1. In a basic sample-hold circuit (a), the switch closes to
sample the input voltage. When the switch opens. the
capacitor holds the voltage. A practical circuit (b) has
unity-gain buffers to charge the capacitor without loading
the source and to drive normal loads without changing
the voltage stored by the capacitor.

2. A sample-hold can operate In two different ways. It can
take a quick sample of the input and return right back
to hold mode (a). or it can track the input for part of the
time and hold it for the rest (bl.
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output, and the sample control terminals. Fig. 1b
shows a practical circuit that includes input and
output buffer amplifiers and a switch-driver circuit.
The sample control input closes the switch for sample
mode, or opens it for hold mode.

The sample-hold input terminals are usually the
input of a high-impedance buffer amplifier since in
most applications, such as operating at the output of
an analog multiplexer, the source shouldn't be loaded.
Likewise, the output has a low impedance so that the
sample-hold can drive a load such as an aid converter
input. The output buffer amplifier must also present
a very high input impedance, and very low bias
current, to the hold capacitor so that its charge doesn't
leak off too rapidly. In virtually all sample-hold
designs, therefore, this amplifier has a junction-FET
input stage. Similarly, the switch must be fast and
have very low off-state leakage.

Sample-hold: An energy storage circuit

All sample-holds are basically accurate energy
storage circuits. Since the hold capacitor is a key
component in an accurate sample-hold, a fundamental
question to be answered is: Why use a capacitor to
store the energy?

It turns out that certain types of capacitors very
nearly approach the ideal. They have extremely low
leakage, and therefore very high equivalent parallel
resistance. This resistance, commonly specified in
megohm-microfarads and known as insulation re-
sistance, is the parallel resistance of a one-microfarad
capacitor and is numerically equal to the self-dis-
charge time constant of the capacitor in seconds.

To find the parallel resistance for other capacitor
values, divide the insulation resistance in megohm-
microfarads by the capacitance in microfarads. Since
the parallel resistance. can be quite high for smaller
value capacitors, most manufacturers specify a max-
imum "need not exceed" value, generally twice the
insulation resistance. This means only that the par-
allel resistance is not measured or guaranteed by the
manufacturer. It may well be as high as calculated.

The self-discharge time constant is the length of
time required for an open-circuited capacitor to dis-
charge to 36.8% of its charged voltage. High-quality
capacitors used in sample-holds have insulation re-
sistance as high as 10' megohm-microfarads,
equivalent to a self-discharge time constant of one
million seconds, or 11-1/2 days. In other words, this
is only 1% droop in almost three hours.

To get back to why capacitors are used for the energy
storage, they approach the ideal much more closely
than the alternative, which is an inductor. The figure
of merit for an energy-storage element is its self-
discharge time constant. A high quality short-

circuited inductor is hard pressed to give a self-
discharge time constant (LlR) as high as 10 seconds,
while a capacitor can give a time constant (RC) of 10'
seconds. (The only exception, a superconducting induc-

3. A zero-order hold reconstructs an analog signal thars
been transmitted as a series of pulse samples (a). It does
so by holding the amplitude of each pulse to fill in the
spaces between them (b). Practical averaging uses a low-
pass filter (c) that has more delay than the ideal averaging
shown in (b).

4. The gain response of a zero-order hold (a) in terms
of the sampling frequency f, takes the form of the absolute
value of (sin xl/x. The phase response (b) is linear because
of the constant time delay.



5. Three types of holds reconstruct an original signal
(dashed curve) differently. The output of a zero-order hold
(a) is steady between samples. A first-order hold (b)
extrapolates a new slope that's proportional to the dif-

o
(c)

ference between the two most-recent samples. Its output
error is zero during constant-slope portions of the signal.
The polygonal hold (c) interpolates between the two most
recent samples.

tor, would, of course, be better than a high quality
capacitor, but it would be difficult to package in an
ordinary sample-hold circuit!)

Capacitors of certain types are therefore clearly
superior to inductors when it comes to approaching
the ideal. Acceptable types of capacitors include
polystyrene, polycarbonate, polypropylene, and
Teflon. In addition, MOS capacitors are excellent for
hybrid circuit sample-holds.

Two other storage elements useful in specialized
sample-holds are an electrochemical cell such as the
Plessey Electro-Products E-Cell, and a register that
holds the voltage digitally.

Sample-hold circuits are variously called zero-order-
holds, track-and-holds, or sample-and-hold ampli-
fiers. Although these terms are generally used in-
terchangeably today, some technical distinctions
should be pointed out.

Strictly speaking, a sample-hold takes a very fast
sample and then goes into the hold mode. This means
that the switch closes for only a very short period of
time, usually because a pulse transformer drives the
switch. A track and hold circuit, on the other hand,
can track the input with the switch closed indefinitely
and then go into the hold mode upon command.

A zero-order hold may be either a sample-hold or
track-and-hold. When a device is called a zero-order
hold, that means it's used as a signal recovery filter.
There are various types of sample-hold recovery filters
such as zero-order holds, first-order holds, fractional-
order holds, and polygonal holds.

The term "sample-and-hold amplifier" can refer to
either a sample-hold or a track-and-hold, and ori-
ginates from the fact that operational amplifiers are
used to make sample-hold circuits.

Although there's a technical distinction between the
terms sample-hold and track-and-hold, it's auto-
matically assumed that both functions are included

in the term "sample-hold," as just about all sample-
holds can also track and hold. The few circuits that
can only sample for a short time, and cannot track
the input, are clearly labeled this way.

To appreciate the difference between true sample-
hold operation and track-and-hold operation, see Fig.
2. In Fig. 2a, a sample-hold periodically takes a sample
of the input, a sinusoid in this case, and holds it for
the rest of the time. In Fig. 2b, a track-and-hold tracks
the input for part of the time and holds it for the rest.
Here, the track time and hold time are equal.

Zero-order hold

An important sample-hold application is re-
constructing, or recovering, an analog signal that has
been transmitted as a train of pulse samples, like those
in Fig. 3a. To reconstruct the original signal wave·
form, a sample-hold, or zero-order hold, retains the
peak value of a sample until the next one arrives, thus
filling in the spaces between them, as in Fig. 3b. The
result is a reasonable reconstruction of the original
signal before it was converted to a pulse train. Ideally,
the average of the reconstructed waveform, shown
dashed in Fig. 3b, is a near-replica of the original
waveform, delayed by half the sampling period, T.

If the staircase waveform of the output is objec-
tionable, a low-pass filter following the zero-order hold
will smooth the waveform further. This filter will add
further phase delay, but the resulting reconstruction
of the original signal is much better, as Fig. 3c shows.
The cutoff frequency of this filter must be determined
from the sampling rate and the bandwidth of the
signal to be recovered. The lower the cutoff frequency,
the better the smoothing.

The zero-order hold is a type of filter. As with other
types of filters, its gain-phase characteristics are
important to know. These gain and phase terms are
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plotted in Fig. 4. The zero-order hold is obviously not
an ideal filter with its (sinx)/x amplitude response.
Nevertheless, it reconstructs signals respectably. Its
gain is slightly more than 3 dB down at a frequency
of f,l2, and it again goes to zero at integral multiples
of the sampling frequency, fr There are some undesir-
able gain peaks at frequencies of 3/2 f •• 5/2 f •• etc.
These peaks are frequently attenuated by a low-pass
filter following the zero-order hold. A zero-order hold
as a filter has a perfectly linear phase response (Fig.
4b), which results in the constant phase delay of T/2
for the output signal.

There are also more-sophisticated recovery filters
than the zero-order hold circuit. These higher-order
hold circuits, known as first-order holds, second-order
holds, etc., reconstruct a signal more accurately than
a zero-order hold (Fig. 5). A first-order hold does this
by retaining the value of the previous sample as well
as the present one. It then extrapolates from existing
data to predict the slope to the next sample, which
hasn't arrived yet (Fig. 5b). When a new sample comes
in, it generates a slope proportional to the difference
between this sample and the previous one. If the slope
of the original signal hasn't changed much, the result-
ing error is small; for a constant slope, the error is
zero. When the original signal reverses its slope
quickly, the output "goes the wrong way," causing a
fairly large error for one sample period.

An interpolative first-order hold, also called a
polygonal hold, reconstructs the original signal much
more accurately. This circuit also generates a line
segment with a slope proportional to the difference
between consecutive samples, but rather than ex-
trapolate into the future, it interpolates between
samples already received. Its accuracy is achieved at
the expense of a delay of one sample period, which
is necessary because a new sample must arrive before
the line segment can be generated by starting from
the previous sample.

lots of circuit variety
Sample-holds come in many different circuit con-

figurations, each suited to different speed and ac-
curacy requirements. It's important to know the
common configurations and how they operate to
choose the proper type and apply it properly.

One configuration is popular because it's accurate
and simple. This circuit, shown in Fig. 6a, has a gain
of -1 since R, = R,;'however, making R,larger than
R, gives inverting gains larger than one. When the
switch closes, hold capacitor c.. charges to the nega-
tive of the input voltage. The switch opens after the
capacitor has acquired this voltage to the desired
accuracy.

Although potentially very accurate, this circuit is
not a fast sample-hold. The capacitor charges slowly
since it has a time constant of R,C H; with practical
values such as R, = 2k and CH = 2 nF, the time
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6. This type of inverting, closed·loop circuit is both
accurate and simple.The charge time constant. R2CH• of
the basic circuit (a) is much too long for some applica-
tions. The current booster in (b) speeds up charging
considerably. The input resistance, Rt, may be too low for
some sources; the buffer raises it a great deal.

constant is 41's. To reach a value within 0.01% of the
input requires about nine time constants, or in this
case, 36 I'S.

Speed can be improved considerably, as shown in
Fig. 6b, by adding an amplifier with current gain,
inside the feedback loop. The operational amplifier
must also be able to supply this current to the
capacitor. Since these amplifiers have low output
resistance, the circuit's time constant is much lower.
For example, with the same valued capacitor and an
amplifier output resistance of 20 Q, the time constant
is only 40 ns rather than 41'S. Now, only the amplifiers'
output current capability limits charging.

With a maximum output current of 20 mA from
this amplifier to charge the capacitor and a 40-ns time
constant, the capacitor takes just 1.2 I'S to charge to
within 0.01% of final value. This is much faster than
the 36 I's for the previous circuit. Note that in the
latter case, Fig. 6b, R, and R, can be larger since R,
no longer determines the charging time constant.

An input buffer amplifier improves this circuit
further by boosting the input resistance to a much
higher value than that of the input resistor R,. In fact,
the input resistance can be as high as 10' to 10" ohms.
Such high resistances are required when a sample-
hold follows an analog multiplexer. In this case the
buffer amplifier must be fast, since its settling time
becomes part of the time required to charge the
holding capacitor. The buffer can also be added to the
circuit of Fig. 6a. Both sample-holds in Fig. 6 are
referred to as closed loop, since the capacitor charging
takes place within a closed loop circuit.

Fig. 7 shows a non inverting closed-loop sample-hold
in which At, that is serving as both an input buffer
amplifier and an error-correcting amplifier, compares
the output voltage to the input voltage, then charges
the holding capacitor until this error is reduced to zero.



Amplifier AI also gives this circuit a high input
resistance.

Thanks to the error-correcting feedback in this
sample-hold, A, need not be very accurate so long as
its gain is roughly unity. Resistor R isolates the output
of A, from the input of AI during hold mode.

This circuit is both fast and accurate; how fast it
charges the capacitor depends on the speed of AI and
its output current capability. Two back-to-back diodes
clamp AI's output to its negative input so that AI
remains closed-loop stable when the switch is opened.
Note that in this circuit the switch must float up and
down with the input voltage, whereas in the circuits
of Fig. 6 the switch always operates at virtual ground.

Operational transconductance amplifiers
Fig. 8 shows another type of sample-hold circuit,

which is versatile and can be operated in a number
of closed loop configurations. This circuit is an opera-
tional integrator that can be enclosed in the feedback
loop of AI. In this case, however, A, is an operational
transconductance amplifier; that is, one that produces
an output current proportional to its input voltage.
The current charges the holding capacitor while the
integrator's input remains at virtual ground.

In this circuit, the two switches operate out of phase.
Switch S, closes to sample, then S, closes to reduce
hold-mode feed through when S, opens again.

This circuit can be connected in different ways as
a closed-loop sample-hold: Fig. 9a shows the most
commonly used connection, a noninverting sample-
hold with a gain of + 1; Fig. 9b shows the noninverting
connection with gain, and Fig. 9c shows the inverting
connection with gain.

Both of the switches in these circuits operate at
virtual ground, an advantage in driving the switch and
producing an accurate output voltage. This circuit has
been successfully used in monolithic, hybrid, and
modular sample-hold devices.

Another popular noninverting, unity-gain circuit is
shown in Fig. 10. It's basically the same as the one
shown in Fig. lb, with two unity-gain buffer
amplifiers. This type of open-loop sample-hold is
commonly used in ultra-fast designs. In this case, a
pulse transformer drives a fast diode bridge switch.

Normally, the supply voltage back-biases the diodes.
Sampling is done by a fast-rise command pulse that
turns on the diodes to charge the hold capacitor from
the input buffer. Using ultra-fast buffer amplifiers
and an appropriate diode-gate switch, such sample-
holds can charge the hold capacitor to a full-scale
change in as little as 30 nanoseconds. Because of the
open-loop configuration, there is no problem with
phase delays from output to input caused by a feed-
back loop. This means that the circuit is both fast and
stable.

7. Closed-loop sample-holds can also be noninverting. In
this configuration. AI is both an input buffer and an error-
correcting amplifier. Whenthe switch closes,current from
A, charges the hold capacitor until the output equals the
input. The pair of diodes clamps A,'s output to keep it
stable when the switch is open.

8. Several closed-loop sample-hold configurations can be
built around this circuit. shown without its feedback
connections. Basically, it's an operational integrator driv-
en by an operational transconductance amplifier, AI.

The input buffer in this circuit is difficult to design,
for it must be both fast and stable while driving the
hold capacitor load. Sampling switches, however,
cause no such problems.

The basic sampling switch circuits commonly use
junction FETs, MOSFETs, D-MOS FETs, and diode-
gate switches. All of these can be both fast and
accurate. The FET-type switches have the advantage
of zero offset since they are purely resistive in the
closed state. The diode-gate switch does have an offset
voltage, however, which is minimized by properly
matching the diode forward-voltage drops.

The infinite-hold circuit
All sample-hold circuits have the problem that once

they are in the hold mode, the charge will gradually
leak off the hold capacitor due to switch leakage,
capacitor leakage, and output amplifier bias current.
It was mentioned previously that a digital register can
store a number equivalent to a voltage value as long
as necessary.

The "infinite hold" circuit uses this principle to store
a voltage value for any required time without any drift
due to leakage. The circuit, shown in Fig. 11, is
basically a tracking aid converter, with its output
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Sample-hold: The generic term used for track-and-
hold, zer<HJrder hold, or sample-and-hold amplifier, it
describes basically a circuit that acquires an analog
input voltage and accurately stores it for a specified
period of time.

Track-and-hold: A sample-hold circuit that can
continuously follow the input signal until switched
into the hold mode.

Signal-recovery filter: A circuit that reconstructs
an analog signal from a train of analog samples,

Zero-order hold: A sample-hold circuit used as a
signal recovery filter. So called because its output
represents the first term of a power-series approxima-
tion to the input.

First-order hold, or extrapolative hold: A com-
plex signal-recovery filter that predicts the next
sample value by generating an output slope equal to
the slope of a line segment connecting previous and

present samples. In a sense, it works toward the
future.

Polygonal hold, or interpolative hold: A complex
signal-recovery filter that generates a straight-line
segment output that joins the previous sample value
to the present sample. It uses available data to
reconstruct the signal more accurately than other hold
circuits, but with a one-sample-period delay.

Infinite hold: An analog/digital sample-hold that
digitally holds an analog voltage indefinitely without
the decay of capacitor storage.

Closed-loop sample-hold: A sample-hold circuit
that charges the hold capacitor within a negative
feedback loop during sampling to achieve high ac-
curacy.

Open-loop sample-hold: A sample-hold circuit that
does not enclose the hold capacitor within a feedback
loop.

9. Here are three different ways to connect the Input and
feedback to the partial circuit in Fig. 8. The circuit in
(c) has unity gain if the input (R,) and feed-
back (Rz) resistors have equal values.

10. Ultra-fast sample-holds often use a circuit like this.
It has a diode-bridge switch and operates open-loop. The
diodes are biased off until a sample command arrives:
then the pulse transformer's output turns on the diodes,
which connect the input buffer amplifier to the hold
capacitor. A 30-ns full-scale change is possible.

11. Sometimes called an "Infinite hold," this circuit can
hold a sample indefinitely without the droop that happens
with capacitor storage. It's an aid converter with its output
taken from the analog feedback line. A high on the sample
command line lets the output follow the input. A low
freezes the count inputs, so the count doesn't change.

from the analog feedback line rather than from the
counter. It consists of a d/a converter, up-down
counter, clock, and analog comparator. The circuit
operates by directing clock pulses into the up or down
count inputs of the bidirectional binary counter that
controls a d/a converter.

An analog comparator tests the output voltage of
the d/a converter against the input voltage and directs
the clock pulses to the counter so that the converter's
output voltage changes toward the input. When the
input voltage is reached, the circuit oscillates within
one count of the input value, When the sample
command goes low, the counter retains its contents
indefinitely until the next sample is taken,

This circuit is not particularly fast since it must
go to each new value one count at a time until the
input voltage is reached. Different counting tech-
niques will speed it up, however. Its accuracy depends
on the resolution of the d/a converter; ±O,OI % ac-
curacy requires at least 12 bits .••



Keep track of a sample-hold from mode
to mode to locate error sources

A complicated process begins when a sample-hold
takes a sample. The complications increase
when it switches into the hold mode. To this

bumper crop of complications, add the actual sample-
to-hold transition itself, which, as a complex and
important event, must not be overlooked. Under-
standing the intricate workings of this process is the
basis for understanding the sources of error in the
system and how to minimize them.

In the sample mode, the sampling switch closes and
the circuit charges the hold capacitor to the input
voltage. With the capacitor charged, the circuit tracks
the input signal as it changes. However, tracking is
possible only if the signal doesn't exceed the
bandwidth or slew rate limit of the sample-hold. The
term "sample mode" applies regardless of how long
tracking continues.

The operating parameters that apply to the sample-
hold in the sampling mode are specified in the same
way as an operational amplifier's. Offset voltage,
expressed in millivolts, may be referred to either the
input or output, and is usually adjustable to zero with
an external potentiometer. Dc gain, the ratio of output
to input voltage at dc, is commonly either + 1 or -1.
With some sample-holds, adding external feedback
resistors provides other gains, and some allow trim-
ming external gain to precisely +1 or -1.

Bandwidth, the sinusoidal frequency at which gain
is down by 3 dB from its dc value, is measured with
a small-signal sine wave below the slew rate limit.
The slew rate is the fastest rate at which the sample-

This article, the second of a three-part series, dis-
cusses sample mode, hold mode, and the important
transition from sample to hold. The first article
covered the fundamental,; of sample-holds and dis-
cussed the various circuits they 1tSe.The third and
last article will give guidelines for selecting sample-
holds and describe a number of applications.

1. Acquisition time of a sample-hold starts with the
sample command and ends when the voltage on the hold
capacitor enters and stays in the error band. Acquisition
time is defined for a full-scale voltage change. measured
at the hold capacitor.
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2. This equivalent circuit for determining acquisition time
(a) shows the importance of the charging time constant.
R,cH. Acquisition time is the sum of the various delays
incurred in charging the hold capacitor to its final value
(b), and is dominated by slew-limited charging.
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3. Acquisition time may be less than or greater than the
time it takes the output voltage to settle to its final value.
In (a). the capacitor reaches its final value before the
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output ernplifier catches up. In (b). the protective resistor
permits the output to settle before the capacitor reaches
its final voltage.

hold output can change. Specified in volts per micro-
second, slew rate is generally determined by the
charging rate of the hold capacitor.

Acquisition time counts

The most important specification of the sample-hold
in the sample mode is acquisition time-the time
required, after the sample command is given, for the
hold capacitor to charge to a full-scale voltage change
and remain within a specified error band about its
final value.

As illustrated in Fig. 1, the definition applies to the
capacitor voltage, not the output voltage of the circuit.
The reason for this will become clear shortly. The
figure shows an initial switching delay following the
sample command. After this delay, the hold capacitor
charges at a maximum rate which is determined by
its charging current.

Initially, as the capacitor voltage attempts to enter
the final value error band, it slightly overshoots the
band, but then enters and remains within it. The
amount of overshoot, generated by a wideband input
amplifier driving a capacitive load, depends on this

amplifier's stability. Acquisition time is therefore
measured from the beginning of the sample command
transition to the point where the signal enters the
error band and stays there.

Another useful definition of acquisition time is the
amount of time following the sample command transi-
tion that the hold command can be given so that the
hold capacitor retains the voltage change to the
required accuracy. The full-scale voltage change is
usually specified as a 10-V change, although other
magnitudes may be specifically stated. The error band
is commonly specified from 0.2% down to 0.005%, with
other values possible. Within this range there are
sample-holds available that provide acquisition times
from about 10 /'s down to 20 ns. Basically, acquisition
time determines the maximum sampling rate at which
a sample-hold can be operated.

Several circuit limitations determine the achievable
acquisition time for a sample-hold: the speed of the
input amplifier with a capacitive load, the current
available to drive the hold capacitor, the source
resistance driving the hold capacitor (both amplifier
output and switch), and the value of the hold capacitor.
Either the input amplifier or the switch may limit
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4. Hold-mode droop is caused by currents that charge
or discharge the hold capacitor. These include switch-
leakage. stray-leakage. amplifier-bias currents and
leakage within the hold capacitor itself.

the current available to drive the hold capacitor.
Fig. 2 shows the relationship between the acquisi-

tion time, the current available to charge the capaci-
tor, and the time constant associated with the hold
capacitor. For example, to determine the acquisition
time for a 10-V change to within 1 mV, or a 0.01%
error band, assume a maximum charging current from
the amplifier and switch of 20 mA and a capacitor
value of 0.002 !,F. The rate of change of capacitor
voltage dVe/dt is

!£ = 20 X 10-3

CH 2 X 10-'
where Ie is the charging current and CH is the
capacitance of the hold capacitor. After a 50-ns
switching delay, the capacitor begins to charge at a
constant rate of 10 VI!'s until it approaches final value
and maximum charging current is no longer required.
This happens when

Ve = 10 - (IeRT) = 9.6 V. (2)
Rr, the total resistance in the hold capacitor's charging
path, is also the sum of the amplifier output resistance
(Ro) and the switch series resistance (Rs).

The capacitor charges exponentially over the final
400 mV with a time constant of

T = RTCH = 20 X 2 X 10-' = 40 ns. (3)
Since the final value error band is specified as 1 mV,
it takes six time constants to reduce the 400 mV error
to 1 mV, or 0.25%. Six time constants give a 240-ns
exponential settling time. The acquisition time is then
the sum of the three times that are indicated in Fig.
2b, or 0.05 + 0.96 + 0.24 = 1.25 !,s.

This illustrates a fast sample-hold that acquires to
0.01% accuracy and shows as well that the charging
current to the capacitor must be high and the hold
capacitor time constant must be low. The same ac-
quisition time limitations apply to the other sample-
hold circuits shown in Part 1 of this series, which is
why a current booster amplifier is required in one case.

Direct measurement of a sample-hold's acquisition

time is not always possible since in some cases the
capacitor voltage is not accessible externally. If a
sample-hold has an operational integrator output
stage, acquisition time can be measured, but in other
circuits it may not be possible because the capacitor
is inside the circuit.

The two interesting cases in Fig. 3 illustrate why
the acquisition time is defined in terms of the hold
capacitor. In Fig. 3a, the output buffer has a slower
response time than the input amplifier and capacitor.
This lag means that when the capacitor acquires a
new voltage, its final value is reached before the
output of the sample-hold. The switch can be opened
when the capacitor voltage has entered the specified
error band even though the output voltage has not.
Slightly afterward, the output amplifier settles to the
correct output voltage.

Fig. 3b shows the output stage of one of the popular
monolithic sample-hold circuits that has a resistor in
series with the hold capacitor. This resistor provides
short circuit protection to the capacitor terminal. The
res!stor, however, causes a lag in the capacitor voltage,
which means that the capacitor is not fully charged
when the sample-hold output voltage has reached final
value. To. allow the capacitor to charge completely,
the samplIng switch in this circuit must remain closed
longer than indicated by the output voltage. The
acqu~sitio~ time in this case must be measured by
starting With a long sample time and then gradually
reducing this time until the output starts to show an
error. These cases underscore the fact that acquisition
time is properly defined at the capacitor rather than
at the sample-hold's output.

The second mode of operation for a sample-hold,
when the sampling switch is open, is the hold mode.
Two important specifications that characterize hold
mode are hold mode droop, or voltage decay, and hold-
mode feedthrough.

Hold-mode droop, defined as the output voltage
change per unit of time while in the hold mode, is
commonly specified in volts per second, microvolts per
microsecond, or other convenient quantities. Hold-
mode droop originates as leakage from the hold
capacitor (see Fig. 4). The four leakage components
consist of capacitor insulation leakage IeL, switch
leakage current IsL, output amplifier bias current
Is and stray leakage ISTRAYfrom the common terminal
connection. The rate of voltage change on the capacitor
dVIdt is the ratio of the total leakage current, IL, to
hold capacitance CH

dVe =...!L
dt CH

If all the leakage currents don't have the same
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Acquisition time: How long it takes after the
sample command is given, for the hold capacitor to
be charged to a full-scale voltage change and to remain
within a specified error band around its final value.

Aperture delay time: The time elapsed from the
hold command to the opening of the switch.

Aperture jitter: Also called "aperture uncertainty
time/' it's the time variation or uncertainty with
which the switch opens, or the time variation in
aperture delay.

Aperture time: The averaging time of a sample-
hold during the sample-to-hold transition.

Bandwidth: The frequency at which the gain is
down 3 dB from its de value. It's measured in sample
(track) mode with a small-signal sine wave that
doesn't exceed the slew rate limit.

Effective aperture delay: The time difference be-
tween the hold command and the time at which the
input signal is at the held voltage.

Figure ormerit: The ratio of the available charging
current during sample mode to the leakage current
during hold mode.

Hold-mode droop: The output voltage change per
unit of time while in hold. Commonly specified in VIs,
p. VIp'S or other convenient units.

Hold-mode feedthrough: The percentage of an
input sinusoidal signal that is measured at the output
of a sample-hold when it's in hold mode.

Hold-mode settling time: The time from the hold-
command transition until the output of the sample-
hold has settled within the specified error band. It
includes aperture delay time.

Sample-to-hold offset error: The difference in
output voltage between the time the switch starts to
open, and the time when the output has settled
completely. It is caused by charge being transferred
to the hold capacitor from the switch as it opens.

Slew rate: The fastest rate at which the sample-
hold output can change. It's specified in VIp.s.
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5. Droop in hold mode can be positive or negative-going,
and may not be linear with time (a). Since most leakage
current comes from silicon devices, droop as a function
of temperature is predictable (b).

polarity, the result is a somewhat lower droop rate.
To measure hold-mode droop, simply acquire a given

voltage and then while watching the output voltage
on an oscilloscope, switch into the hold mode. The
droop may be positive or negative and is not necessar-
ily linear with time (See Fig. 5a). Several possible
droop rates are illustrated. The value measured, which
appears on data sheets, is the slope right after initia-
tion of the hold mode when the output voltage feeds
an aId converter or other circuit.

In addition, hold-mode droop changes exponentially
with temperature. Most of the leakage that causes this
droop comes from silicon devices. Since a device's
leakage approximately doubles for every 10 C increase
in temperature, hold-mode droop shares this charac-
teristic. Fig. 5b shows a normalized plot of hold-mode

droop vs. temperature for virtually any sample-hold.
Droop rate is specified on a data sheet at 25 C. To
consider an example, a sample-hold with a droop rate
of 100 p.V/ms at 25 C will have a rate of 3.2 mV/ms
at 75 C and a rate of 102 mVIms at 125 C.

For a given operating temperature, droop rate must
be determined based on the·required hold time in order
to know the resulting error. Of course, below 25 C,
droop rate improves by a factor of two for every
10 C. In cases where better droop rate is required, an
extra hold capacitor must be added or a better sample-
hold selected. Additional capacitance also increases
the acquisition time of the circuit.

In the case of monolithic sample-holds, the hold-
mode leakage is specified on the data sheet so that
the required capacitor value can be figured from the
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6. Aperture time can be measured by repeatedly feeding
a tiny step (a) to the sample-hold's input and repeatedly
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as a function of delay time t" but a real sample-hold
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ANALOG
IN S

I
I

HOlD I
C(MI.AND I

l~ rs;;;TCHl j

~~I,-----j
Ie" G)
- A INPUT

/ V
J:v':OUTPUT

DFTt£
INPUT
A.MPLIFIER

~~o

~ OUTPUTJ \ ..,'
7. Effective aperture delay time is the difference between
the input amplifier time delay, t" and the delay between
the hold command and the time when the switch opens
(td). EADT may be positive, zero, or negative. If t, is
greater than td, the hold capacitor seesa delayed version
of the input (b), which results in holding an input voltage
that occurred before the hold command.

relationships in equation 4.
Since the hold capacitor directly affects both speed

and accuracy of a sample-hold, it's useful to have a
figure of merit for sample-holds. Increasing the hold
capacitance decreases the droop rate, but increases
acquisition time. Likewise, decreasing the capacitance
increases the droop rate although it does decrease the
acquisition time.

The figure of merit is a ratio that measures the
improvement in both acquisition time and droop rate
together. It is a dimensionless quantity and may have
values of 10' or more for a high quality sample-hold.

A useful figure of merit sometimes used with
sample-holds is the ratio of the current available to
charge the capacitor (Ie) to the leakage current from
the capacitor (Id. This ratio is approximately equal
to the ratio of slew rate to droop rate:

Figure of Merit =.!£ Slew Rate (5)
IL Droop Rate

A source of error in the hold mode, hold-mode
feedthrough, or simply feedthrough, is the second
specification that characterizes hold mode. This pa-
rameter is the percentage of an input sinusoidal signal
that's measured at the Qutput of a sample-hold in the
hold mode.

To measure feed through, apply a 20-V peak-ta-peak
sinusoid to the input of a sample-hold while it is in
the hold mode. A greatly attenuated version of the
input shows up at the output, passing through switch
capacitance and stray coupling capacitance. The re-
sulting feed through can be measured easily with an
oscilloscope. Typical values of feedthrough for a well-
designed sample-hold are from 0.05% down to 0.005%
of the input. Feedthrough is sometimes expressed in

dB of attenuation.
Hold-mode feedthrough may vary with frequency,

either increasing or decreasing at higher frequencies
depending on the particular design of the sample-hold.
Feedthrough is a most important specification when
a sample-hold follows an analog multiplexer that
switches between many different channels. Note that
feed through can also be measured with a square-wave
input rather than a sinusoid, since the square wave
contains many harmonic frequencies.

A critical parameter

The most critical part of sample-hold operation is
during the short sample-to-hold transition when the
sampling switch opens. It's during this transition
period that the real subtleties of sample-hold opera-
tion appear, including one of the most important
parameters associated with this period, called
aperture time.

Aperture time is the most misunderstood of all
sample-hold specifications. There are actually several
related parameters which use the word aperture as
part of the specification.

The concept of aperture time in electronics relates
closely to the root meaning of aperture: an opening,
or hole. In electronic measurements aperture is the
"opening" or "window" of time during which a signal
is averaged or measured. For example, in an aid
converter, the conversion time is the time required
to measure the input signal and is also known as the
aperture time of the converter. In fact, a sample-hold
is the device that reduces the aperture time of an aid
converter by replacing the converter's time window
with the sample-hold's much shorter window.
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8. Timing uncertainty in the switch and driver circuit
produces uncertainty in the held voltage. which for a given
period of time. increases with the rate of change of the
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9. To obtain the error due to aperture uncertainty time
for a given signal rate of change, a full-log plot is helpful.
This plot assumes a 10-V full-scale signal.

63-
T

10. Drain·to·gate capacitance, Cdg, transfers some
charge, q, when a FETsampling switch opens. The result-
ing voltage step on the hold capacitor, CH, is small if
CH is large. The switch in the first circuit (a) operates at
virtual ground.

Ideally, a sample-hold takes a point sample of the
input signal, that is, an accurate sample in zero time.
Since this is impossible, the sample is actually taken
in the short period of time when the switch opens,
during which the signal is averaged. The aperture time

therefore occurs after the signal has been acquired,
when the switch rapidly opens.

Aperture time is frequently, but mistakenly, de-
fined as the turn-off time of the switch. If this were
true, aperture times would be extremely small since
the switch opens very quickly. The confusion stems
from the fact that the switch follows a band-limited
input amplifier which, even if the switch opening were
instantaneous, averages the result over a small period
of time.

To interpret aperture time, as in Fig. 6, assume the
sample-hold receives a I-m V input step (Fig. 6a). The
hold command transition (Fig. 6b) can be adjusted to
occur before, with or after the input step. The timing
difference between the two, designated t,., can be
positive, zero, or negative. (For simplicity, assume no
delay between the hold command and the opening of
the sampling switch.) To make the measurement, feed
the sample-hold with repeated input steps and hold
commands while slowly varying t,.. As the hold
command transition effectively scans across the input
step, the sample-hold's output in hold mode changes.
Ideally, when hold-mode output is plotted against
t" it should look like Fig. 6c. Such an output, a perfect
sample with no averaging, requires an infinite-
bandwidth input amplifier in addition to an infinitely-
fast switch.

Since this is not possible, the input step is averaged,
or filtered, by both the switch with a non-zero opening
time, and by the input amplifier, which has limited
bandwidth. The actual waveform therefore looks like
Fig. 6d. The filtering action of the switch and input
amplifier slows the rise-time of the step to tA, which
is the aperture time or aperture window of the sample-
hold as shown in Fig. 6e. Mathematically convolving
the input step (Fig. 6a) with the aperture window (Fig.
00) gives the actual output (Fig. 6d).

In practice, because of amplifier and switch speed
limitations, it is extremely difficult to achieve true
aperture times less than a few nanoseconds.

Delayed window

Aperture delay time, another frequently used term
concerning the sample-to-hold transition, is generally
defined as the elapsed time between the hold command
and the opening of the switch. Aperture delay time,
a pure time delay, can be compensated out by advanc-
ing or delaying the hold command. Furthermore, this
specification is difficult to measure, if not impossible,
since the precise time when the switch turns off cannot
be determined directly.

A more useful specification might be called effective
aperture delay, and defined as the time difference
between the hold command and the time at which the



input signal and the held voltage were equal. In other
words, effective aperture delay relates the hold com-
mand to the point on the input signal which was held
(see Fig. 7).

Effective aperture delay really points out the dif-
ference between the two delay times snown in Fig.
7. The first is the analog delay through the input
amplifier, while the second is the digital delay to the
switch opening (Fig. 7a). Effective aperture delay
(EAD) is then equal to (1:.1 - t.).

Notice that either a positive, negative, or zero value
may be obtained depending on which delay is larger.
Fig. 7b illustrates negative effective aperture delay.
In this instance, time lag in the input amplifier has
resulted in holding an input voltage which occurred
before the hold command. Knowing effective aperture
delay time then is more useful than knowing aperture
delay time.

A related specification, aperture uncertainty time,
or aperture jitter, is the uncertainty in the time at
which the switch opens. Actually, it's the time vari-
ation in aperture delay time. If the sampling switch
receives the hold command for a series of samples at.
the same point on a waveform, it will hold slightly
different values each time.

Aperture uncertainty time originates in the digital
driver circuit and switch. The hold command has a
finite risetime and must pass through one or more
logic thresholds that have voltage noise. These transi-
tions therefore generate time uncertainties. The sig-
nificance of aperture uncertainty time is that it causes
an amplitude uncertainty in the held output of the
sample-hold. This amplitude error, t>A, shown in Fig.
8, equals the product of the rate of change of the input
signal dVIdt, and the aperture uncertainty t".

This product is the basis of a graph (Fig. 9) that
gives aperture uncertainty vs. signal rate of change
for various accuracies. The accuracy is based on 10-
volt full scale signals. The surprising fact is that
moderate speed signals produce relatively large errors
even with small aperture uncertainties. For example,
if the aperture uncertainty is 10ns and the input signal
rate of change is 1VII's, the amplitude error is 0.1%
for 10 V full scale. Reducing this error to 0.01% means
that the aperture uncertainty time has to be reduced
to just 1 ns.

Aperture uncertainty time is generally quite small
in well-designed sample-holds since it's possible to
achieve values of a few nanoseconds down to tens of
picoseconds. As a rough rule of thumb, the aperture
uncertainty tends to be 10% or less of the aperture
delay time; in some designs it can be as low as 0.1%.

Sample-to-hold offset error develops when the
switch opens, as a direct result of a phenomenon called
charge dumping or charge transfer.

11. Sample-to-hold offset error varies with input signal
voltage if the sampling switch floats with the signal. but
is unaffected by variations in signal voltage if the switch
operates at virtual ground.

12. When an aId converter follows a sample-hold, the
start-conversion pulse must be delayed until the output
of the sample-hold has had enough time to settle within
the error band and stay there.

There are two types of sample-hold switches; one
operates at virtual ground (Fig. lOa), while the other
operates at the signal voltage (Fig. lOb). Every elec-
tronic switch has a capacitance associated with it. In
this case it is C•• , the drain-to-gate capacitance of the
junction FET switches shown. This capacitance
couples the switch-control voltage on the gate to the
hold capacitor.

Since the switch-control voltage must generally be
rather large, a significant charge transfers from the
hold capacitor to the gate-drive circuit when the
switch is turned off. This charge is

q = Cd, t>V, (6)
where t> V, is the change in gate voltage. The error
this produces on the hold capacitor is then

V =-q- =~ t>V. (7)
, CH CH '

This error typically might be 10 mV assuming 2 pF
for Cd', a 10-V t>V" and a 0.002 I'F hold capacitor.

Sample-to-hold offset error is one of the un-
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desirable, inherent characteristics of sample-hold
circuits. It should be looked for and recognized. The
charge transfer that causes this error is expressed in
picocoulombs and in practical circuits it may vary
from 50 pC down to 0.1 pC. Since monolithic sample-
hold circuits require external hold capacitors, their
voltage error must be determined by equation 7.
Sample-holds with internal capacitors have a specified
sample-to-hold offset voltage. This offset, of course,
can be decreased by adding an external capacitor to
increase the total hold capacitance.

Note that the two switch configurations in Fig. 10
have somewhat different charge transfer character-
istics. In the virtual ground switch the charge transfer
is constant regardless of the signal voltage, since the
gate voltage change is always the same. In the other
switch, however, the gate voltage change varies with
the signal voltage. This causes the charge transfer to
vary with signal level. Furthermore, the drain-to-gate
capacitance also varies with the signal voltage, so that
the charge transfer itself is nonlinear and even has
a "gain error."

The output error caused by charge transfer differs
for the two types of switches (Fig. 11). The virtual
ground switch produces a constant offset error vs.
signal voltage, while the floating switch produces a
nonlinear error vs. signal voltage. Charge transfer is

obviously a limiting factor in a high-accuracy, high-
speed sample-hold. It works against attaining both
these characteristics simultaneously. Some sample-
holds have unique switch designs that minimize or
compensate for this charge transfer. In some of them,
an externally-adjustable compensation circuit min-
imizes the charge transfer. If the sample-to-hold offset
error is constant with signal voltage, then the error
is relatively easy to handle since it can be zeroed with
a simple offset adjustment.

Another effect of the sample-to-hold transition is
a small transient in the output just after going into
the hold mode-the hold mode settling time (Fig. 12b).
This is the time it takes the output of the sample-
hold to settle within the specified error band after the
hold command transition. Notice that the hold mode
settling time includes aperture delay time. Fig. 12
shows the small output transient caused by the rapid
switch turn-off at the input to the buffer amplifier.

This transient occurs after the output settles to a
new value that includes the sample-to-hold offset.
Hold mode settling time may be a few nanoseconds
to a microsecond or so, depending on the particular
sample-hold. It is an important specification because
an aid conversion that follows sampling and holding
cannot begin until hold-mode settling is complete
without causing a conversion error. As Fig. 12 shows,
the pulse that starts the converter is generated after
the sample-hold output has settled within the specified
error band .••



Pick sample-holds by accuracy and speed
and keep hold capacitors in mind

When it comes to selecting a sample-hold
device, fortunately there's a fine assortment
available: monolithic, hybrid and modular

types can all give good performance. There are dif-
ferent degrees of good performance, of course, and for
the most part the sample-hold that's finally selected
will depend on the degree of speed and accuracy
needed. Depending on the type of sample-hold and its
application, it may need an external hold capacitor.
This capacitor should be chosen with as much care
as the sample-hold itself, for its quality directly
affects the performance of the sample-hold. There will
be more about selecting hold capacitors, but first, it's
a good idea to consider error analysis, which is vital
in appraising the total error contribution of a sample-
hold to a system.

In a given system, of course, the sample-hold is but
one of the many sources of error that may also include
an amplifier, filter, multiplexer, and aid converter.
Achieving total system accuracy on the order of 0.01%
is by no means a trivial task, but quite the opposite.
It pays to take a somewhat pessimistic approach in
adding up the errors, and follow this by thorough
testing of the sample-hold's accuracy in the system.
In many cases the results will be a pleasant surprise,
because a conservatively-specified device has been
chosen. In other cases, it won't be a shock to discover
that the analysis is about right because the sample-
hold that was selected has been specified right at the
edge of its performance.

The best way to handle error analysis is with a

This is the final article of a three-part series
on sample-holds. It discusses error analysis and
sample-hold selection, selecting a hold capacitor,
and describes a numberofapplications. Thefirst
article of the series, which appeared in ED No.
23 (No!'. 8, 1978, p. 81;), covered fundamentals
and circuit types. The second, in ED No. 25 (Dec.
6, 1978, p. 80), discussed sample mode, hold
mode, and the sample-to-hold transition.

systematic listing likc the one in Table I, which gives
errors for a fast, accurate system with 0.01% error
as a design goal. The errors are computed for an
assumed operating temperature range of 0 to 50 C and
take into account all of the specifications discussed
in this series.

What seems to be a large total error in Table 1
shouldn't be alarming. The sample-hold evaluated,
designed for use in 12-bit systems, has been con-
servatively specified. If all the errors add in the same
direction, the total error is ±0.036%, but this is an
unlikely possibility. Adding the errors statistically
(RMS) gives a better figure of ±0.017%, which is a
good bit closer to the goal. Since most of the errors
are specified as maximums, the typical statistical
error is actually close to 0.01%.

Speed and accuracy are the two foremost considera-
tions in choosing a sample-hold, and the key to proper
selection is an error analysis that takes the desired
sampling rate into account. The circuit configuration,
a subject discussed in Part 1 of this series, affects
performance in certain applications, so it should be
kept in mind as well.

Consider monolithics first

In general, a monolithic device should be considered
first, since it will result in the lowest-cost design if
moderate performance is acceptable. Moderate per-
formance implies about 4 JlS acquisition time to 0.1%
and 5 to 25 JlS to 0.01%. Monolithic devices use external
hold capacitors, so one will need to be selected.

Hybrid microcircuit sample-holds offer a step up
in performance without a major increase in size.
Acquisition times of 5 JlS down to 1 JlS, to 0.01%
accuracy are available, and even faster acquisition
times for 0.1% can be obtained. Most hybrid sample-
holds include an internal hold capacitor, so there's no
need to select one unless additional capacitance is
needed. Many hybrids use MOS-type hold capacitors
which offer exceptionally good performance.

Both the newer monolithic as well as hybrid devic~s
equal or surpass the performance of many of the early
low-cost modular sample-holds, but they can't match
the newer, high-performance modular types. These
new modules offer some difficult-to-achieve speed and
accuracy specifications such as 350-ns maximum ac-
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Table 1. Error analysis of an
accurate, high speed sample-hold

Error
Source of contribu~

error tion Comments
Acquisition
error 0.01% Maximum error specified

for rated acquisition time.

Gain error 0.00 Externally adjustable to
zero.

Offset error 000 Externally adjustable to
zero.

Nonlinearity 0.005% Maximum specified.

Droop error 0.01% For 10 ~s hold time. Using
25 C droop of 20 ~VI~s
max. and multiplying by
10 to give droop of 1 mV
at 50 C. This is 0.01% for
10 V full scale.

Gain change 0.004% Using specified 15
ppm/oC max., X max-
imum temperature
change of 25 C.

Offset change 0.008% Using specified 30 ~V/oC
max .. X max. tem-
perature change of 25 C.

0.003% Estimated error voltage
during hold time using
curve of Fig. 2.

quisition time to 0.01%, or 50 ns to 0.1%.
Once a sample-hold has been selected, it may need

a hold capacitor. These capacitors have somewhat
unusual requirements. Some parameters, such as
tempco of capacitanc~, matter very little, while others,
such as dielectric absorption, are very important.
Dielectric absorption affects the accuracy of the held
voltage, although insulation resistance is quite impor-
tant as well, for the same reason.

When high accuracy is needed, the range of satisfac-
tory capacitor dielectrics narrows down to those in
Table 2, which gives the important specs for them.
Note that insulation resistance, which is quite high
at 25 C, drops drastically at higher temperatures, such
as 125 C. That's because insulation resistance de-
creaSeS exponentially with temperature.

It won't stay put

If a capacitor is charged to a given voltage, dis-
charged by shorting it, and then open-circuited again,
its voltage will begin to creep up from zero toward
the original voltage. The capacitor exhibits a "voltage
memory" characteristic known as dielectric absorp-
tion, which occurs because the dielectric material
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1. In this example of dielectric absorption error, the hold
capacItor has beensitting at +5 V for some tIme. Although
given enough time to settle completely dunng samplmg.
In hold mode. the capacItor's voltage creeps back toward
+5 V(a). An Imperfect capacitor with dlelectncabsorpllOn
can be modeled (b) by a perfect capacitor. C. the Insulation
resistance, R1• and the long-tlme-constant components
rd and Cd' which Simulate dIelectric absorption.

doesn't polarize instantaneously-molecular dipoles
need time to align themselves in an electric field. As
a result, not all the energy stored in a charged
capacitor can be quickly recovered upon discharge.

One way to measure dielectric absorption is to
charge the capacitor to some voltage for 5 minutes,
discharge it through a 5-11resistor for 5 seconds, then
disconnect it. Measure the capacitor voltage five
minutes later. The ratio of the measured voltage to
the charging voltage, expressed in percent, is the
dielectric absorption.

Even though the time scale in a sample-hold is
usually far shorter than 5 min, dielectric absorption
is still a sourCe of error and should be taken into
account. Assume the hold capacitor has been resting
at a given voltage Vo when a different voltage is
sampled and held. Once hold mode begins, the voltage
on the capacitor will begin to creep back toward
Yo. Thus, the dielectric absorption causes an error as
illustrated in Fig. la.

Fig. Ib shows a first-order approximation model of
an imperfect capacitor, emphasizing dielectric absorp-
tion. Resistor R, represents the insulation resistance
and rd and Cd represent the source of the dielectric
absorption. (Actually, to model the absorption ac-
curately, there should be a number of additional,
parallel rdCd circuits with different values.)

After capacitor C in the model has been rapidly
discharged from a previous voltage and then open-
circuited, the long time constant of r"Cdcauses some
of the charge on Cd to transfer slowly to C, which
develops a small voltage.

An accurate approximation to this "creep" voltage



2. A natural log function of time is an accurate approx·
imation to the voltage creep caused by dielectric absorp-
tion. Before sampling, the capaCitor has been holding a
voltage Vo. A new sample charges the capacitor to a new
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3. A data'acquisition system scans a number of analog
inputs and converts them. one at a time. to digital form
(a). The sample-hold provides an unchang,ng input to the

voltage (zero. in this case. for simplicity). for period t,.
Once in hold mode. the capacitor reaches a voltage J,V
at time 2ts and continues to creep toward Vo according
to the logarithmic expression.
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converter until its conversion is complete. When it's
finished, the STATUS line goes low to permit the next input
in sequence to be converted (b).

caused by dielectric absorption is shown in Fig. 2. The
curve is a natural log function of the shorting time,
or sampling time (t,). If the output creep voltage is
measured at time 2t" the voltage will be t>V. If it is
measured at 4t" it will be 2 t>V and at 8t., 3 t>V. The
equation for the curve is

V, = t>V In t.

where t. is the sample time and t is the total time,
or sample time plus hold time (t, + th).

This equation is a good model, providing Vc«Vo. It
does not hold for extremely long time periods, how-
ever, since V, goes to infinity for infinite time. As
shown, Vd represents the voltage measured to de-
termine dielectric absorption at a specific time, which
is a large multiple of t,.

Capacitors can be measured and fitted to this curve.

First, determine the value of t>V from the measured
dielectric absorption. The standard tests for dielectric
absorption normally specify th » t" which is the
correct way to make them. Since the equation is
logarithmic, there is no asymptote to the curve, which
continues to rise. For all practical purposes, however,
a hold time much longer than the sample time will
give a value for dielectric absorption that's far out
on the curve.

Assume that the dielectric absorption is measured
as 0.02% for a point at which th = 15t, or t =
16t,. Then

In 16
= 7.21 X 10-' Vo

where the dielectric absorption is defined as VJVo at
t = 16t,. The resulting equation for creep voltage is
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Insulation Insulation
resistance resistance

Operating at 25 C at 125 C
temperature (Megohm- (Megohm· Dielectric

Type range (OC) microfarads) microfarads) absorption

Polycarbonate -55 to +125 5 X 10' 1.5 X 1Q4 0.05%

Metallized
polycarbonate -55 to + 125 3 X 10' 4 X 10' 0.05%

Polypropylene -55 to +105 7 X 10' 5 X 10' (1) 0.03%

Metallized
polypropylene -55 to + 105 7 X 10' 5 X 10' (1) 0.03%

Polystyrene -55 to +85 1 X 10" 7 X 1Q4 (2) 0.02%

Teflon -55 to +200 1 X 10" 1 X 10' 0.01 %

Metallized
Teflon -55 to +200 5 X 10' 2.5 X 10' 0.02%

(1) At 105 C
(2) At 85 C

4. In a single-channel system, the settling time of the
input buffer amplifier, AI. isn·t critical because the
amplifier can follow changes in the signal (a). With
multiplexed Inputs (b). however. the Input buffer may take
additional time to settle to the new value at the
multiplexer's output when it switches channels.

t
V, = 7.21 X 10-' Vo In-

t.

Two factors reduce considerably the error due to
dielectric absorption in typical applications of a
sample-hold. First, the dielectric absorption meas-
urement assumes a long initial charging time, say 5
minutes, whereas in a sample-hold a new voltage is
held for a relatively short time. Second, the dielectric
absorption is specified for a long open-circuit time
compared with the shorting time, whereas in a sample-
hold the hold time may be only slightly longer than
the sample time.

The amount of creep voltage can also be reduced
by remaining in the sample mode as long as possible
relative to the hold time. The result of these factors
is that a capacitor with a dielectric absorption of
0.02%, for instance, may contribute 0.005% or less

error to the sample-hold, as the curve in Fig. 2 shows.
At this point, there may be reason to wonder if all

the care and time needed to select a sample-hold is
worth it. It certainly is. There's an abundance of
applications for these devices.

Take a sample

Undoubtedly one of the most common applications
for a sample-hold is in data acquisition systems. A
representative system would have an S-channel multi-
plexer followed by a sample-hold and a 12-bit aid
converter (see Fig. 3a).

A logic-control circuit steps an address counter to
sequence the analog multiplexer through the eight
channels of analog data. For each channel the sample-
hold acquires the input signal and switches into the
hold mode.

After allowing for the hold-mode settling time, a
start-convert pulse initiates the aid conversion, which
is performed by successive approximation. After the
conversion, the aid converter's status output goes low.

When the conversion of this channel is finished, the
analog multiplexer switches to the next channel while
the output register of the aid converter holds the
digital word from the completed conversion. This word
is then transferred out to a computer data bus. The
sampling and conversion process is repeated for each
analog channel in sequence.

From Fig. 3b, T is the time required for the
multiplexer and sample-hold to acquire the signal and
for the aid to convert it. Then liT gives the through-
put rate, or the fastest rate at which the analog
channels can be scanned. The rates for practical 12-
bit data acquisition systems may vary from about 20
kHz up to 250 kHz corresponding to values of T that
range from 50 /,s down to 4 /'s.



5. A simultaneous sample-hold system such as this
samples all analog inputs at the same time and holds the
samples for conversion. While one of the held voltages
is being converted. the others mustn·t droop too much.

6. Multiplexed digital data destined for a number of
analog channels are reconstructed and distributed by a
system like this one. Once the data for a channel have
been converted. the sample-hold for that channel samples
the d/a's output and retains it until the next data word
for that channel comes in for conversion.

7. In an ultrafast aid conversion system, acquisition time
in a sample-hold takes up a sizable part of the cycle.
Interleaving two sample-holds like this lets one of them
acquire while the other one's output is being converted.
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8. Sample-holds can serve as temporary analog signal-
storage devices. The first sample-hold retains signal
VAs peak value so the converter can divide it by the peak
value of input VB. which comes by later.

Indeed, considering the many applications for
sample-holds, a good number are used in conjunction
with aid converters. This is because the sample-hold
greatly reduces the converter's aperture time.

There are two important ways to use a sample-hold
with an aid converter, and each imposes a different
requirement for the acquisition time. Fig. 4a shows
a fast inverting sample-hold used ahead of an aid
converter, which converts just one input signal. The
sample-hold continuously tracks the input signal until
is goes into the hold mode.

Even while in the hold mode, input-buffer amplifier
A, continues to track the input signal and only A, and
A, affect the acquisition time. Acquisition is very fast
because A, doesn't have to settle to a new voltage for
every sample.

The same sample-hold can also follow an analog
multiplexer, as in Fig. 4b. The required acquisition

time will be longer here since A, must settle to a new
voltage every time the multiplexer switches to a new
channel. This means that the settling time of A, is
now part of the acquisition time.

These two situations are significant because A,'s
settling time may be larger than the acquisition time
of the rest of the circuit. If it is, there'll be a great
difference between the acquisition times of single-
channel and multichannel acquisition systems.

Another important consideration in a data-acquisi-
tion system is interfacing the sample-hold to the aid
converter. A successive-approximation aid converter,
without an input buffer amplifier (which adds to the
conversion time), has a resistor input that goes to an
analog comparator's input terminal. Since the com-
parator is changing state during the successive-ap-
proximation conversion, the input impedance to the
aid changes. Since this happens at high speed, there
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®:-{' D/A CONVERTER
OUTPUT

GLITCH

9. An output developed by many dla converters for
certain input-code transitions temporarily goes the wrong
way. This transient. or "glitch," IS undesIrable in some
applications and can be removed by sampling the
converter's output after the glitch has gone by.

may be errors if the sample-hold's high-frequency
output impedance isn't low enough. Furthermore,
most sample-holds have higher output impedance in
the hold mode than in the sample mode.

Sample all at once

Another way to use sample-holds in a data-acquisi-
tion system is illustrated in the simultaneous sample-
hold system of Fig. 5. Here, data must be taken from
all analog inputs at precisely the same time. To do
this, the system requires a sample-hold per channel
ahead of the analog multiplexer.

All the sample-holds are given the hold command
simultaneously; then the multiplexer sequentially
switches to each sample-hold output while the aid
converter converts it into digital form. Notice that a
high-impedance buffer amplifier is required between
the multiplexer and the aid converter.

For this application, select sample-hold devices that
are identical and have very small aperture-uncertain-
ty times. In addition, the aperture delay times should
be adjusted so that they all go into hold mode
simultaneously. Another important criterion is that
the droop rate be relatively low, since the last sample-
hold in the system must hold its voltage until all the
other outputs have been converted.

In an application which is the reverse of data
acquisition, sample-holds can send signals from a
channel to many destinations in a data-distribution
system. Such a system (see Fig. 6) uses a single dla
converter and storage register together with a number
of sample-holds to distribute data to a series of analog
channels. As digital data are transferred into the dla
converter and its output changes, the appropriate
sample-hold samples the new output voltage and then,
once the converter's output has settled, switches into
hold mode.

Each sample-hold circuit is updated in sequence as

Acquisition
Accuracy time Price

Monolithic 0.1% 4 to 20 "s $5 to $21
0.01% 5 to 25 "s

Hybrid 0.1% 25 ns $35 to $135
0.01% 1 to 10 jotS

Modular 0.1% 30 to 200 ns $43 to $208
0.01% 0.25 to 5 "s

new data arrive, and holds its voltage until all the
other sample-holds have been updated and the se-
quence returns to the first one. The sample-holds used
must be chosen for the required acquisition time,
which depends on the rate of updating each output,
and for the desired droop error between updates.

Back on the other side of the coin, ultrafast aid
converters can benefit from working with sample-
holds. Interleaving two of them, as in Fig. 7, will
eliminate acquisition time delay in many applications.

In such systems, the sample-hold's acquisition time
can be a significant portion of the system's cycle time.
With interleaved sample-holds, however, system cycle
time depends only on the time required for aid
conversion.

Acquisition-time delay is eliminated by having one
sample-hold acquire the next sample while the aid
is converting the output of the other sample-hold. The
aid converter, therefore, is simply switched from the
output of one sample-hold to the other. The only dead
time between conversions is the small delay in the
analog switch.

Conversion time can be decreased further, but doing
it requires a second aid converter, with one aid
operating off each sample-hold. The sample-holds then
are operated sequentially, and the outputs of the aid's
have to be digitally multiplexed. In this way the
throughput time is reduced to half the conversion time
of either aid converter.

In yet another aid application, a sample-hold can
delay or "freeze" analog data that exist only briefly;
this information can then be combined with later data.
This circuit (see Fig. 8) computes the ratio oftwo peaks
that occur at different times, t. and t•.

The first sample-hold stores the peak of signal
VA so that its value will still be :wailable to the
ratio metric aid converter when the peak of sig-
nal VB comes by. The second sample-hold stores the
peak while the ratio is being converted to digital form.

Sample-holds deglitch

The list of conversion applications for samI,le-holds
seems almost endless. Even big problem:; can be
solved. For example, major code tran;itions in a dla
converter can cause unwanted voltage spikes as large
as half the full-scale output voltage. These spikes,



10. When analog signals are encoded by pulse-amplitude
modulation and then multiplexed. they can be sorted out
and reconstructed by a set of sample-holds with properly
timed sample commands. The time scale of the Input IS
shorter than that of the outputs.

11. Cascaded sample-holds acquire a signal quickly and
hold it for a long time with little droop. The first one needs
to hold a signal only long enough for the second to acquire
It. Typical acquIsitIOn would be 5 ~s to 0.1%. with a droop
rate of 30 ~V/s.

commonly called glitches, are caused by switches in
the converter that take longer to turn off than to turn
on, or vice versa. The point is, in many d/a converter
applications such as CRT displays and automatic
testing, the converter output voltage should make a
smooth, monotonic transition when it goes from one
output voltage to the next.

This can be done by processing the d/a converter
output with a sample-hold as shown in Fig. 9. First,
a digital control circuit transfers the digital data from
the register to the d/a converter. With this informa-
tion at its input, the d/a converter generates a new
output containing glitches. Once the glitches have
settled, the sample-hold takes a sample of the new
analog data and returns to hold mode before the d/a
output changes again. The output of the sample-hold
now has a smooth, monotonic transition between the
old and the new levels.

Keeping up with high-speed analog d/a outputs
generally requires ultrafast sample-holds for
deglitching. Usually an inverting, current-input
sample-hold follows the d/a converter to permit the
highest possible operating speed. In fact, some special-
ly designed d/a converters have self-contained
sample-holds for deglitching, and not surprisingly, are
called deglitched d/a converters.

Putting it all together

Data conversions aren't the only applications to
benefit from sample-holds. As Part 1 of this series
pointed out, a zero-order hold makes an excellent data-
reconstruction filter and is commonly used in pulse-
amplitude modulated (PAM) systems such as the one
in Fig. 10. Here, time-division multiplexing is used
to send a train of amplitude-modulated pulses over
a transmission system, each pulse in sequence being
the sample from one analog channel.

To demodulate this pulse train, the control circuit
synchronously switches on each sample-hold in se-
quence as the pulse arrives, then returns it to hold
mode until the next pulse from that channel arrives.
Pulse by pulse, the output of each sample-hold be-
comes the reconstructed analog signal of the ap-
propriate channel. A low-pass filter can also be added
to each sample-hold output to smooth the re-
constructed signals further.

In some analog-circuit applications, sampling
sholild be quick, yet the sampled value should hold
steady for a long time. Such conflicting needs produce
conflicting requirements on the sample-hold. The best
solution to the problem is to use two cascaded sample-
hold devices, as in Fig. 11. The first sample-hold is
a fast unit that acquires the input rapidly and ac-
curately, -while the second unit is a slow device with
a very long hold time (low droop rate), perhaps on
the order of minutes.

Basically, the first sample-hold must acquire the
signal quickly and then hold the result long enough
for the second sample-hold to acquire it. The errors
need to be calculated carefully to be sure of meeting
the accuracy requirements. In many cases two
monolithic sample-holds in cascade might do the trick.
External hold capacitors can then be chosen to give
the desired performance.

For example, a O.OOl-I'F polystyrene capacitor
would be a good choice for the first sample-hold to
give an acquisition time of 51'S to 0.1%. For the second
one, a 1.0-I'F capacitor would give an acquisition time
of 10 ms but a hold time of 300 s to 0.1% accuracy.
The resulting droop rate would be only 30 I'VIs, which
is quite low, indeed .••
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Analyzing the dynamic accuracy of simultaneous
sample-and-hold circuits is straightforward. A wideband
scope and a simple mathematical model supply the answers.

In most simultaneous data-acquisition systems
a large number of analog input channels are
strobed at precise time intervals and then se-
quentially digitized by an analog-to-digital con-
verter. To check the multichannel sample-and-
hold circuits there are some simple tests the user
can perform to verify correct circuit operation.

To start the error analysis, several assump-
tions can safely be made: All static errors have
been eliminated-

• The offset error.
• The gai n error.
• The hold step error.
Input voltage. Vin• to the sample-and-hold equals

the output voltage, Vou," from the sample-and-hold.
Vin is any de voltage between *10 V. The offset
error is Vout when Vin = 0, while the gain error is
the maximum value of the offset error divided by
V inmaximum (10 V).

looking at the dynamic errors

Normally, one sample-and-hold circuit is used
for each a d converter with any multiplexing be-
tween input channels done previously. However,
for a large number of channels this leads to
errors due to the different conversion times of
the various channels. In a simultaneous sample-
and-hold config-uration, a number of input analog-
channels are strobed at a precise time and the
held voltages are sequentially converted to dig-i-
tal form.

At this point the most basic test that can be
performed is to simultaneously apply the same
voltag-e waveform to all inputs. Now, if we look
at the output for each channel, the dig-ital words
representing- each \,oltag-e should be identical. If
the system fails this basic test. the user must
search the specification sheets and the circuits
themselves for the error sources.

The three major sources of dynamic errors can
be traced to the following:

Ralph Johnston, Datel Systems, Inc., 1020 Turnpike St.,
Canton, Mass. 02021.
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1. Plots of a single pole transfer function (a) and of the
gain·error (b) are shown with a I·MHz cutoll frequency.

• A change in the gain during the sample
mode as a function of frequency.

• A nonzero hold step as a fun€tion of fre-
quency (hold-step error).

• A shift in the effective beginning of the hold-
step as a function of Vou', dVout/dt, or frequency
(aperture-shift error).

The aperture-shift error can be caused by a slowly
opening switch or by a pole at the unity-gain -3
dB point (fco) of the unity-gain sample amplifier.
The error advances the effective time of the switch
opening to a time prior to its actually reaching open
circuit. For applications of simultaneous sample-and-
hold circuits both the feo's and the switch opening
times, must be matched.

The transfer function during sample

Gain in the sample stage can be represented
by a linear transfer function-at least for ampli-
tudes small enough that the amplifier slew-rate
doesn't affect the results. Thus, a simple low-pass
function with a pole at fco, say I MHz. can be repre-
sented by the following:

1--.-f-
1 + J 106

The graph of this typical low-pass filter is shown
in Fig. la. It has unity-gain transmission and a



1-MHz -3 dB point.
Usually, though, it proves more useful to plot

small deviations from unity gain as shown in
Fig. lb. The formula used for this gain-error
plot is

. f
V -J 10"

Gain error = _yO'"~ -1 = -+-.-f-
J 10'

While not usually seen in this form, this type of
frequency-response plot is quite valid. From the
equation we see, for example, that a circuit band-

width of 1 MHz, an input of 10 V at a frequency
of 1 kHz results in an error of 0.001 or 10 mY.

By now finding the response of the circuit to
a ramp of K V/sec, we can try to match transfer
functions of all the channels of the sample-and-
hold stages. The gain-error transfer function is
put into the s domain using LaPlace transforms
and becomes -s

27T X 10"
+ s_

27T X 10'
The ramp is also transformed, and becomes K s'.

A sample-and-hold (S/H) circuit holds or
"freezes" a chan(lin(l analo(l input Ri(lnal \'011-
a(l£'. l Tsually. the \'ollag'e thus frozen is then
converted into another form. either by a \'011-
age-controlled oscillator, an analog-lo-digital
(a/d) converter or some othel' oe\·ice.

The simplifipd block diaKram of a lossless
(ideal) S/H circuit ie ehown in Fig. 1. Here the
amplifiers are assumed to be ideal-with infinite
input impedances and bandwidths. zero output
impedances and unity (lains. The electronic
switch is also considered irleal-with infinite
speed. zero impedance in the sample position
and infinite impedance in the hold position. Also,
the samplinS{ capacitor. C. is a~sumed to have
no leaka~e or dielectric absorption.

Depending upon cost. thp U~l'r has three basic
methods to choose from when setting up a mul-
tiple-signal data-acqlli~ition system. The most
ba~ic but also thl' mo~t l'Xpt.'llsin> seheme is the

one shown in Fig. 2a. This cirtuit uses an indi-
vidual S/H and aId converter for each sensor
line. Fig. 2b is a 10\,.; cost alternative in which
all the sensor linee are firet multiplexed and
then fed into a sin"le Sill and aid com·erter.
Another method, fallin" bet"',,en thoee of Fi"s,
2a and 2b in cost and performance.· is shown in
Fig. 2c. Here. the sensor signals are first
sampled and then multiplexed and eent to a
single aid convcrter.

If the S/H circuits we"e ideal. the only si,,·
nificant errors would occur in the multiplcxer
or the aid converters. In a real world situation.
of course, the S/H circuits introduce some
serious errors into the cOIl\'ersioll circuit.

The circuits of Figs. 2a and 2c require ad-
ditional qualitiee from the Sill circuits that
are not needed for the syetem of Fig. 2b. Pre-
cise matching of the aperture delays and band-
widths is required.
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3. By extrapolating the two straight·line segments to
meet each other, you can find the effective time at
which the hold period starts.
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4. If you use a different scope input, the effective
point of hold initiation can be found by extrapolating
back to the zero point.
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Taking the inverse transform of the product
we get

K
21TX 10' [1 + e-(:<"x 10')t]

as the output error for a ramp input.
The two terms in the result represent a gain

error. This error is due to the ramp as a constant
K/21Tf,,, and a delay of 1/27Tf,." seconds. The de-
lay in the output can be considered as an advance
in the transition time of sample-to-hold states-
but this is not usually done. The inverse transfer
function can always be applied after the data has
been digitized. However, for multichannel simul-
taneous sample-and-hold applications it is un-
necessarily complicated to keep track of, say, 32
different transfer functions. The solution to this
problem is to match all the transfer functions so
that the units will deliver identical outputs for
the same input waveform.

Examination of the output voltage near the
time of the sample-to-hold transition shows the
errors caused by both a hold step and an aper-
ture shift (Fig. 2).

The hold-step error appears as a sudden change
in the sample capacitor voltage at the time of
hold. If such an error exists only for a fast ramp
input, a probable cause is dielectric absorption
in the capacitor.

The aperture shift is a variation, in either
direction, of the point in time at which hold
occurs. It is also known as aperture uncertainty.
As a function of input rate it is somewhat diffi-
cult to measure.

To measure aperture uncertainty, use an
oscilloscope with a sampling amplifier or with a
sensitive, wideband input having good recovery.
Then observe the sample-and-hold output for an
input slope of 0.5 or 1 V/ IJ-S. The rest.lting
straight lines can then be extrapolated to a point
where they meet, and the effective hold instant
can be fflund, as shown in Fig. 3. A change of
this point with the input waveform, or random-
ly, is called aperture jitter.

A similar type of measurement uses a scope's
differential input. All static and dynamic errors,
including linear ones, due to the transfer func-
tion can be measured by observing Vo", - V," as
shown in Fig. 4. The slope during the hold period
can be extrapolated back to zero to find the effec-
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6. " typical analog switch introduces a delay in the
sample·to·holdtransition. ,.:-r ....

3.

I
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tive time when hold starts. With a single-pole
transfer function, the value of V"" - Vi" during
sample for an input ramp is proportional to the
slope of the waveform. But as shown in Fig. 5,
to a first-order approximation, the start of hold
is unaffected.

But, there is zero aperture uncertainty with
the transfer function representation, thus the ef-
fective time of hold initiation occurs before the
switch opens! The amount of this shift can be
determined as a function of bandwidth. A trans-
fer function with an fco of 1 MHz can be repre-
sented by an RC low-pass filter with a resistor
of 159 n and a capacitor of 100 pF. An input
ramp of 1 V s will cause a capacitor current of
1 mA (CV t) which in turn causes a resistor
drop of 159 mV. Thus the effective time of hold
occurs 159 mVIV I jJ.s or 159 ns before the actual
switch opening.

The two measurements described are difficult
to perform without high performance test equip-
ment. Therefore, most manufacturers' specifica-
tions of aperture delay and uncertainty tend to
be primarily concerned with the variation of
switch resistance after the logic input changes
to the hold state. Fig. 6 shows a typical logic
switch resistance change during the sample-to-
hold transition.
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The time T, is known as the switching delay or
aperture delay and is characteristic of any prac-
tical switch. Switching time, T" usually is meas-
ured from the 10 to 907c points (as for logic
circuits) and is sometimes called aperture time.
The total switching time, T,,, is also referred to
as either the aperture time or aperture delay. If
the rise time of the switch varies with the input
voltage waveform, or just randomly, the change
in T. is called the aperture jitter.

To further complicate matters, some definitions
do not use switch resistance. Diode-bridge switch-
es are characterized by stored charge and not by
changes in resistance. The switch must then be
viewed as a black box-apply a ramp voltage to
it, open the switch and determine the effective
time of opening by observing V"". and extrapo-
lating the straight lines as previously described.
A second method relying on diode reverse-recov-
ery measurements can be used but is not as
accurate.

The example shown in Fig. 7 can demonstrate
that the effective switch opening time occurs be-
fore the switch resistance reaches infinity. Let
V." be a ramp of K V/jJ.s. If, at time t = 0, the
switch goes from position 1 to 2, then 1 J.LS

later it goes to position 3, the effective time of
hold can be seen from Fig. 8 to occur while the
switch is in position 2. The aperture-time ad-
vance is fixed for an input ramp but will have
jitter for waveforms that have curvature. The
effective hold initiation will occur between in-
stants T, and T,. This is .why T" - T, = T, is
often specified as the aperture time .••
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Test your sample/hold IQ
While sample/holds have been around for a long time, don't let
their seemingly simple functions contribute errors to your designs.

Engineers must become increasingly aware of
error sources when designing fast data-
acquisition systems; in some cases, the sample/
hold circuit that you incorporate can be the main
cause of error and frustration. Likewise, when
implementing other functions such as peak
detectors and D/A deglitchers, you must select
the proper device.

Unfortunately, even in today's high-technology
marketplace, a certain vagueness still surrounds
S/H specifications. One basic ambiguity lies in
calling the circuit a "sample/hold" in the first
place; by far, the majority of sample/holds on the
market today actually operate as (and would be
more correctly called) track-and-holds, because
you can keep them in the sampling mode
indefinitely (tracking). A true sampling circuit
samples the signal for a specified amount of time,
designated the aperture time. To compound
matters, various S/H designs now cause specified
acquisition times to assume slightly different
meanings depending on design.

Finally, S/H's can do funny things that manufac-
turers hesitate to specify, let alone mention on
data sheets. The following multiple-choice ques-
tions, based on various sample/hold concepts,

should help clarify these ambiguities and test
your skill. The correct answers, along with a brief
discussion of the principles involved, appear on
pgs 122-124.

1. Suppose you wish to use a sample/hold
circuit as a deglitcher on the output of aD/A
converter. Generally, what basic sample/hold
designs from Fig 1 provide optimum perform-
ance?
a. Open-loop follower
b. Closed-loop integrator (type 1)
c. Closed loop
d. Closed-loop transconductance integrator

(type 2)
e. No advantage among these designs.

2. Fig 2 shows a basic open-loop-follower sam-
ple/hold circuit, with accuracy to ten bits
(:;:0.1% FS). You'll usually find this design in
fast sample/holds. Both the input- and
output-follower amplifiers (A, and A,) operate
as buffers with settling times of 400 nsec to
wiihin 0.1% FS (10V step input) and exhibit
single-pole responses. Given that R,,, of the

~~~'Ft>+
_____ ~I -:- '.1 OPEN LOOP FOLLOWER I ~ lei CLOSED lOOP

&:r~
S H CONTRUl : (b) CLOSED LOOP

INTEGRATING TYPE 1
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Fig 2-10 this open-Ioop·follower S/H, determine sampling
output selliing time and output acquisition rime. (See
questions 2 and 3)

sampling switch equals lOOn and that the
hold capacitor has a value of 100 pF, deter-
mine, to a first approximation, both the
sampling output settling time to 0.1% for a
10V step input and the output acquisition
time to 0.1% for a continuous 10V pop 20 Hz
sine wave on the input.
a. 870 nsec, 470 nsec
b. 470 nsec, 870 nsec
e. 570 nsec, 406 nsec
d. 405 nsec, 337 nsee.

3. Suppose that the sample/hold circuit of Fig 2
is an IC type in which you connect the hold
capacitor externally. With C,,=100 pF, the
manufacturer specs the following: sample-
to-hold offset error of 100 mV and hold-mode
voltage droop of 250 mY/see.
A. If you change C" to 2000 pF, what new

values do the sample-to-hold offset error
and hold-mode voltage droop assume?
a. 2V, 12.5 mV/sec
b. 100 mY, 12.5 mV/sec
e. 5 mY, 5V/sec
d. 5 mY, 12.5 mY/see.

R. Find the input acquisition time to 0.1%
FS for a 10V step input with C,,=100 pF
and C,,=2000 pF.
a. 570 nsec, 11.47 fJ-sec
b. 406 nsec, 1.46 fJ-sec
e. 570 nsec, 878 fJ-sec
d. 406 nsec, 1.21 fJ-see.

4. A sample/hold operates in front of a 12-bit
A/D converter that has a 10V FS range and
20-fJ-sec conversion time. This S/H uses FET
switches and has a droop rate of 59.5 mV/sec
at 25°C. What maximum operating tempera-
ture can you choose so that the A/D sees less
than 1/2 LSB change on its input?
a. 60°C
b. 85°C
e. 100°C
d. 125°C.

5. When working with a track-and-hold circuit
with a finite sampling time of 50 nsec in an
environment with an operating range of -55
to +125°C, what type of holding capacitor

gives best performance?
a. Ceramic
b. Teflon
e. Polystyrene
d. Polypropylene.

6. Suppose you're designing a system in which
the maximum error introduced by the sam-
ple/hold must not exceed 0.01% and you
apply a 20V pop sinusoidal signal to the input.
If the only error source consists of a 32-nsec
aperture time, what maximum allowable
input frequency can you use and remain
within error budget?
a. 1 kHz
b. 2 kHz
e. 4 kHz
d. 7.5 kHz.

7. Fig 3 shows a simultaneous sample/hold
circuit. If you sample a 20V pop sinusoidal
signal with a frequency of 30 kHz, a 10-nsec
aperture uncertainty in the S/H causes errors
of near what percentage full-scale range
between units?
a.l%
b.0.05%
e. 0.09%
d.0.009%.

8. The sample/hold circuit of Fig 4 consists of a
closed-loop type with an operational-
amplifier integrator in the feedback path of
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Fig 4---By exammmg this closed.loop S/H with op-amp
feedback, can you describe its general operating characteris-
tics? (See questions 8 and 9)

the input buffer amplifier. What relationship
exists between (I) the output settling time and
(II) the input acquisition time (dependent on
ell) for a 10V step input?
a.I<1I
b.I=11
c. I> II
d. Insufficient data.

9. Refer again to the closed-loop integrating S/H
configuration of Fig 4. What best describes
the general characteristics of this type of
circuit?

a. Fair accuracy, fast acquisition time, high
droop rate

b. Extremely good accuracy, fast acquisition
time, high droop rate

c. Extremely good accuracy, slow acquisition
time, low droop rate

d. Fair accuracy, slow acquisition time, low
droop rate.

10. A sample/hold with unity gain has specified
accuracy of 12 bits (ie, gain error in sampling
mode=0.01% ot'reading). In sampling mode
this simple StH exhibits a single-pole trans-
fer function and a 20V pop -3 dB bandwidth
of 500 kHz. If you want to sample a 20V pop
sine wave to 12-bit accuracy, what approxi-
mate maximum frequency can you input and
still maintain that accuracy?
a. 50 Hz
b. 100 Hz
c. 7.1 kHz
d. 14.14 kHz.

11. Here's a quickie question to complete the
quiz: Of the four S/H specs listed below,
what is (are) the most commonly omitted
parameter(s) on manufacturers' data sheets?
a. Sample-to-hold offset error
b. Hold-mode settling time
c. Output noise, hold mode
d. Output offset voltage drift. 0



Presenting the answers
to our quiz on sample/holds

Confused? If not, you're an industry expert. Take this opportunity to
learn some important facts about these deceivingly complicated devices.

1. a, d
2. c
3A. d
3B. b

ANSWERS

4. d
5. b
6. a
7. c

8. b
9. c
10. c
11. b, c

This quiz should have given your knowledge of
S/H's a real workout. In fact. it should have been
difficult-you learn much more from tough
exams. Here's how to score yourself (count 3A
and 38 separately):

11-12 Send your resume to the authors
9-10 Take over your design department
7-8 Collect one "attaboy!"
5-6 Average
3-4 Read up before doing any 5/H designs
1-2 Don't let your boss see this.

Now for a more detailed discussion of the
answers.
1. Generally, a and d work best. Although all
sample/hold circuits contribute slight errors,
open-loop-follower types don't exhibit large
hold-to-sample transients (spikes) that generally
occur on closed-loop types. And although spiking
might not matter for large changes, it becomes
extremely important in D/A deglitcher applica-
tions where you sequentially increase D/A digital
inputs to generate an analog ramp. In this
application, the sample/hold samples only 1-LSB
changes from input to output, and even in this
case the closed-loop types of band c generate
large hold-to-sample spikes (as high as 7V),
possibly worse than the D/A glitches that the 5/H
tries to eliminate. Because it keeps its loop open
during hold, a closed-loop circuit must entirely
reacquire the input in sample mode, even with
unchanged inputs. Usually this process results in

a spike; however, the closed-loop transconduc-
tance integrator of Fig 1d won't exhibit large
hold-to-sample spikes.
2. The sampling output settling time (ie, keep-
ing the unit in sample mode and observing the
output for a 10V step input) depends on the signal
going through three separate single-pole stages:
the input buffer, the RC network composed of
ON switch resistance and hold capacitor, and the
output follower. On the other hand, when
coming out of a hold state back into sample
mode, the acquisition time required for the
output to track the slow (20 Hz) sine wave
diminishes because the input buffer already
tracks the sine wave on its output. You can use
the square root of the sum of squares formula as a
first approximation for calculating the settling
time of such cascaded single-pole circuits. The
RC time constant of the switch-and-hold capaci-
tor equals 10 nsec, and its settling time takes
seven time constants-70 nsec-to reach 0.1% of
its final value.

Thus, sampling output settling time is

3A. With CIl=2000 pF, the sample-to-hold offset
error=5 mV and the droop rate=12.5 mV/sec,
because both specs vary inversely with CIl. Droop
dV/dt equals i/CIl where i represents the current
leakage through the hold capacitor (the sum of
output-amplifier bias current and switch leakage
current). The sample-to-hold offset error consists
of the step error that occurs at the initialization of
the hold mode generated by dumping charge into
the hold capacitor. Because droop dV/dt= i/CIl
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and sample/hold offset error=Q/C, if you in-
crease C"by a factor of 20, both droop and offset
decrease by 20.
38. This question is slightly deceptive. The true
definition of input acquisition time is the time
necessary, in sample mode, for the hold capacitor
to acquire a step voltage. If CH=100 pF as in the
initial problem circuit, the time constant RC=10
nsec and 7RC=70 nsec. The input amplifier settles
in 400 nsec, and, as before, input acquisition time
is

For C,,=2000 pF, 7RC=1400 nsec, and input
acquisition time is

4. The maximum allowable signal change on the
input of the AID is

(
10V)(0.5) 2" = 1.22 mY,

1.22 mV = 61VI
20 !-'sec sec.

This value also represents the maximum allowa-
ble droop rate for the sample/hold. Because the
5/H uses FET switches, the droop rate doubles
every 10°C. Taking this into consideration, apply
the following formula:

61V/sec = 59.5 mV x 2' .m.·c>
see

And because t.T=100°C, Tm.,=125°C.
5. A major error source in sample/holds with
finite sample time periods comes from the
storage capacitor's dielectric-absorption charac-
teristic. Teflon exhibits the lowest dielectric-
absorption property at 125°C and thus makes the
best choice. This characteristic, also called dielec-
tric hysteresis, determines the length of time a
capacitor requires to discharge; a high
dielectric-absorption value means that the capaci-
tor won't react to sudden step changes in storage
charge and also that high temperatures can cause
extremely high sampling errors. The nearby table
lists breakdown characteristics of commonly used
capacitor types.
6. A sample/hold amplifier, actually a form of
analog memory, ideally stores (in hold mode) an

CAPACITOR BREAKDOWN CHARACTERISTICS
TEMPERATURE RANGE DIELECTRIC ABSORPTION

UNACCEPTABLE 0.01·0.02%
TO 85 C 001 002%
TO lOO"C 0.030.09%
TO 12SoC 0.01%

TYPE
CERAMIC
POLY5TYAENE
POL YPROPYLENE
TEFLON

instantaneous voltage (sample value) at a desired
instant in time. The constraint on this time is
aperture uncertainty. To compute the error (for
sinusoidal waveforms), you must observe the
following formula:

where E=voltage error or change, dV/dt=signal
slew rate and T=aperture time. During time T,
the maximum allowable change on the input
of the sample/hold equals (0.01% x20V)=2 mY.
Also note that for sinusoidal waveforms, the
maximum slew rate occurs at zero crossings.

Any sinusoidal input signal follows the form

and in this case E=10V for a 20V p-p signal. Taking
the first derivative, which represents slew rate,
find

dVdl = (27rf)Vcos(27rft).

To find the maximum allowable input frequency,
use this equation and solve for f:

7. Find the answer in the same manner as in the
previous question, but here the key lies in
knowing how to use the 10-nsec value in relation
to this circuit.
You know that



~~ = (27T)(30x 10')(10)

= 1.8 x 10'V/see.

But because T=10xl0·9 sec, E=18 mY; converting
the value, you find that

1.8 mV
Error = 2"6\1" = 0.9 X 10-3 = 0.09% FSrange.

Aperture uncertainty is the variance of the
aperture time, the uncertainty in the time inter-
val. This parameter varies from unit to unit and
typically ranges from 0.5 to 10 nsee. In this
question, you see that aperture uncertainty
becomes very important to consider in simultane-
ous S/H applications. This approach gives you a
better grasp of worst-case errors. To conclude,
aperture time is an important parameter to
consider when sampling one channel with a
fast-changing signal, and aperture uncertainty
becomes important when performing simultane-
ous sample-holds.
8. S.ettling time and acquisition time tend to
assume the same value because the output aswell
as the input controls the charge on the hold
capacitor for closed-loop circuits.
9. Extremely good accuracy, slow acquisition
time and low droop rate best describe the
characteristics of closed loop integrating-type S/H
circuits. High tracking accuracy results from a
configuration that acts like one amplifier during
the sampling time. Also, because an integrator is
used, the sample/hold switch operates at ground
potential, eliminating leakage problems through
the feedback hold capacitor and thus reducing
the droop rate i/C.
10. A single-pole transfer function with gain =1
and a -3 dB BW=500 kHz has the input/output
relationship

V(out)
V(in)

1

+.( f )
J 5 x 10'

To maintain 12-bit (0.01%) accuracy, V(out)/
YOn), or gain, should not degrade more than
(1-0.01%)=0.9999. Thus,

1 :s 0.9999,

+j(5xfl0')
or f, the maximum sampling frequency, should
not exceed 7071.6 Hz.
11. Data sheets will most likely omit band c.

Generally, the p-p output noise in hold mode
runs well below the specified linearity of the
particular sample/hold, and its omission usually
causes few problems. But this noise could cause
slight linearity problems if you input its signal into
an AID. A more important missing sample/hold
specification, hold-mode settling time, is defined
as the time for the output to settle to the
sample/hold accuracy after being given the logic
command to switch into hold mode. This hold-
mode settling time could cause annoyances in
D/A deglitcher (display) applications, but bigger
headaches can result if you use the sample/hold
with an A/D converter. Here, if you begin the
conversion process (A/D clocking) before the
sample-to-hold transient has settled to the lSB
level, you run the risk of getting bad codes,
especially noticeable at the half-scale level for
successive-approximation-type A/D's and at
lower voltages for counter-comparator types. The
hold-mode settling time can run as high as 1 fLsec
for the slower closed-loop-type S/H's, while it
usually runs only tens of nanoseconds for high-
speed S/H's. 0
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High-speed op amps-
they're in a class by themselves
The same special characteristics that make fast op amps useful in
difficult applications can also create problems for unwary designers.

Fast operational amplifiers are not like other op
amps. In addition to good dc characteristics such
as high open-loop dc gain, low bias currents and
low input offset drift, fast op amps have specially
designed ac characteristics that come into play at
high frequencies. Proper application of these
amplifiers involves the selection of gain-
bandwidth product, slew rate, settling time and
output current. In addition, you must pay particu-
lar attention to many small circuit details like
power-supply bypassing, proper routing of
grounds, short lead lengths and minimization of
stray capacitance. Poor design practice invariably
produces an oscillator instead of a high-speed
amplifier.

You can't ignore op-amp characteristics
Operational amplifiers offer designers one

fundamental attraction: The characteristics of the
closed-loop feedback circuit are determined
almost exclusively by external circuit elements
rather than by the op amp itself. Precise control of
gain, offset, linearity, temperature stability, etc.,
in amplifier design itself thus reduces the user's
task to the proper selection of the passive circuit
components used around the op amp. Unfortu-
nately, this simple relationship in general doesn't
hold true for high-speed op amps: They're more
difficult to handle than their low-frequency
counterparts, and a detailed knowledge of their
characteristics becomes essential:

Open-loop gain and bandwidtll-Refer to Fig.
l's gain-frequency (Bode) plot. The open-loop

FREQUENCV lHl}

BREAK DUE TO
HIGH FREQUENCY

POLE

Fig. 1-Well designed high·speed op .Imps have a smooth 20
dB/decade roll-off. Additional amplifier poles should not
occur until well beyond h.

gain must be very high in a fast operational
amplifier to reduce errors at the device's sum-
ming junction. Open-loop gain typically runs
between 10' and 10" V/V in a good quality,
high-speed op amp. As illustrated, the gain is flat
from dc out to a corner frequency (100 Hz in this
case); then it decreases with increasing frequen-
cy. For well-designed amplifiers, gain decreases
at a fixed rate of 20 dB/decade of frequency, a
roll-off rate that assures stable closed-loop opera-
tion and also produces the best settling-time



~ DATA ACQUISITION & CONVERSION HANDBOOK

performance.
The gain-frequency plot crosses the gain-of-

one axis at unity gain frequency, fT' This frequen-
cy should be as large as possible for a wide-band-
width amplifier; 100 MHz is common. Along the
20 dB/decade slope of the gain roll-off, the
product of gain and frequency remains constant
and equal to fT' Therefore, the value of fT is
frequently referred to as the gain-bandwidth
product of the amplifier.

Smooth roll-off is generally maintained out
beyond fT for most fast amplifiers. Another
op-amp pole usually occurs at a higher frequency
as a result of a non ideal amplifier circuit, but if
this frequency is considerably greater than the
circuit's closed-loop bandwidth, the extraneous
pole will have very little effect on high-frequency
performance.

Slew rate-The ability of a high-speed op amp
to reproduce fast, large signal outputs depends
primarily on its specified slew rate, the maximum
rate at which the output can change, expressed in

Today's fast op amps ARE fast
Modular op amps introduced in the late
1960's featured settling times as low as 1
fJ.sec to 0.01%, and they quickly became
popular in 12-bit data-acquisition systems.
Early in the 1970's, ultrafast modules became
available,boasting even faster settling times,
100 MHz gain-bandwidth products and 1000
V/fJ.seC slew rates. More recently, hybrid
units have achieved such performance lev-
els, as shown below.

BASIC CHARACTERISTICS OF A TYPICAL HIGH-
SPEED OP AMP (AM-SOO)

DC OPEN·LOOP GAIN .... 106 V/V

GAIN·BANDWIDTH PRODUCT. 130 MHz

SLEW RATE . 1000 V/pSEC

FULL POWER FREQUENCY
120V p.p)

SETTLING TIME, 10V TO 1%

SETTLING TIME, 10V TO 0.1%

SETTLING TIME, 10V TO 0.01%

INPUT OFFSET DRIFT

OUTPUT VOLTAGE

OUTPUT CURRENT

.16MHz

70 "SEC

100 "SEC

200 nSEC

.1 pV(C

.... ±10V

o

I SETTlING--l
.......- TI:\~E ~ I

V/fJ.sec. When the output must respond to a
step-input change, slew-rate limitation causes a
longer large-signal settling time than you might
expect from the bandwidth characteristics alone.
Slew rates of modern high-speed op amps equal
or exceed 1000 V/fJ.sec.

Settling time-In servo theory this term speci-
fies the maximum time required to achieve an
accuracy of 5% or so after a step input is applied
to the servo_ With regard to op amps, it refers to
the time required for much greater accuracies,
typically 0.1% to 0.01% of F.S., and is best
defined as follows:

"Settling time is the elapsed time from the
application of a step input to an amplifier to the
instant when the output has entered into and
remained within a specified error band around its
final value." Note that settling time must be
specified with both the error band and the
magnitude of the step change given. Almost all
cases specify a F.5. output change of 10V.

Fig. 2 illustrates a typical settling response for a
high-speed op amp. Usually the amplifier's out-
put first goes into slew-rate limit, overshoots its
final value, then enters the specified error band
and remains there until it reaches the final
steady-state level. (One word of caution: Mea-
sure settling time from t=O, the instant that the
input step was applied. Some manufacturers play
"specmanship" games and fail to include the
amplifier slewing time in their measurements.)

You can't predict amplifier settling time from
bandwidth and slew-rate specifications alone: It's
a measured, as well as designed-in, parameter.
You can usually tell an op amp specifically
designed for fast settling time from one that's
not: The former's settling-time spec will be fairly
predictable from bandwidth and slew-rate con-
siderations; the latter's won't.
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Fig. 3-The summing junction is NOT.J virtu.J1ground in high
speed op-amp applications. Thus the amplifier must be
designed with a large input dynamic range (IDR).or distortion,
limiting or clipping will result.

Low output impedance and high output
current-High-speed operational amplifiers al-
most always are designed to give low output
impedance and relatively high output current.
low output impedance proves critical to stability
for driving capacitive loads, while high output
current (20 to 100 mAl is required for both driving
capacitive loads at high speed (I= Cdv/dt) and for
driving relatively low-value feedback and load
resistors. (Good high-frequency design practice
keeps all impedances as low as possible to cut
phase shifts from parasitic capacitances,)

Why is input dynamic range importanll
Fig. 3 shows a simple, high speed op-amp

circuit with an inverting gain of 2 to illustrate an
important device characteristic. The signal input
is a 10V pop sine wave at 10 MHz; the output, an
inverted 20V pop sinusoid. If we assume that the
amplifier has the Bode plot shown in Fig. 1, then
its open-loop gain at 10 MHz is 10. 50 for a 20V
pop output, the voltage at the op amp's summing
junction must be 2V pop. This is a rather large
signal; in fact, most general-purpose op amps
couldn't handle such a high level without distort-
ing, limiting and/or clipping. Therefore, high-
speed op amps must possess a large input
dynamic range; i.e., significant peak-to-peak
voltages applied directly across the device's input
terminals must not cause the output to slew-rate
limit or distort. Calculation of a high-speed op
amp's input dynamic range is straightforward (see
box at right).

Knowing the input dynamic range of an opera-
tional amplifier can help you determine how to
best utilize the device while carefully avoiding
slew-rate limitation problems. For instance, Fig. 4
shows an op amp connected as a unity-gain
inverter. If we assume that this device has an
input dynamic range of ±1.23V (as calculated in
the box), then the circuit can reproduce a 4.92V
input step as a -4.92V output step without
slew-rate limiting. (Observe that the 4.92V input

v,.
4.S2V'L

step appears at the summing junction divided by
a factor of two by the two equal-value resistors.)

To further appreciate the significance of input
dynamic range, you must understand that within
this input range the op amp's output rate of
change is in direct proportion to the input
voltage. Therefore, the output can make a large
voltage transition in the time required to make a
small voltage transition. Fig. 5 illustrates three

lOR is a function of SR and GB
The input dynamic range (lOR) of a high-
speed op amp is related to the unit's slew
rate (or full-power frequency) and its gain-
bandwidth product. To compute lOR, as-
sume that the output is at its full power
frequency and amplitude (i.e., it's produc-
ing the largest and fastest output possible
without distortion), then calculate the
open-loop gain at this frequency, and finally
plug these values in the following formula:

IDR= (V•• x FPF)/GB
where V•• =peak-to-peak full-power volt-
age, FPF=full-power frequency and
GB=gain-bandwidth product.

If the full-power frequency is not known,
you can use an alternate equation:

IDR= V•• x 5R/(20'TTGB)
where 5R=slew rate.
EXAMPLE

What is the input dynamic range of the
amplifier described in the previous box (the
AM-Soo)?

IDR=(20x16 MHz)/130 MHz = 2.46V pop
(or ±1.23V).

Thus, within an input range of ±1.23V, the op
amp won't go into slew-rate limitation.
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values of output steps for a fast op amp. Output
steps'" and 2 have identical rise times; since they
lie within the lOR, they aren't slew-rate limited.
Because Output 3 is generated outside the lOR,
however, slew-rate limiting occurs, and the
output takes considerably longer to reach its final
value. Further, the waveform exhibits some
overshoot, a common problem under slew-rate
limit conditions.

It's no trivial task to design an op-amp input
circuit that has good dc characteristics, plus good
input dynamic range, plus the response needed
to avoid slew-rate limiting. One approach com-
bines the low-drift characteristics of a bipolar
input op amp with the excellent lOR of an FETin a
fast-feedforward design (Fig. 6). This circuit
produces very wide bandwidth, high slew rate
and fast settling time. It also provides extremely
high open-loop gain and very low input offset-
voltage drift (typically 1 fj.V/"C).

Fig. 6---hst-feedforw~td amplifier design combines a low·
drift,. bipolar Ie op amp with an FET reedforward stage to
produce excellent de and ac characteristics.

Your choice should start with bandwidth
When you select a high-speed operational

amplifier, first determine your application's band-
width requirement. The minimum closed-loop
bandwidth is a function of both the op amp's

gain-bandwidth product and its noise gain in the
application. "Noise gain" is defined as the gain of
the closed-loop amplifier to voltage noise or to
any other signal inserted in series with one of the
amplifier inputs (Fig. 7).

VOLTAGE NOISE
OA OTHER
VOLTAGE SOURCE

The noise gain drawn on the Bode plot of an op
amp determines the -3 dB closed-loop band-
width. In Fig. 8, for example, closed-loop gain
equals 99, giving a noise gain of (l+a) or 100.
When plotted on the diagram, this noise gain
gives a closed-loop 3 dB bandwidth of 1 MHz for
the 100 MHz gain-bandwidth amplifier illustrated.

(Note that for the common unity-gain inverting
amplifier, the noise gain is 2; therefore the
closed-loop bandwidth of such a circuit built with
a 100 MHz or amp would equal 50 MHz, not 100
MHz.)

A single pole simplifies response calculations ...
If an op amp has a true single-pole response (as

many do), you can calculate its step response for
the closed-loop circuit by the expression:

EmT=aE" (l-e -2-rrf,f(l~a)

and the output error is then
E = e -27.111/1 -a)

I

1 10 10n 11< 10k lOOk 1M 10M 100M

FREQUENCY IHZI

Fig. 8-1f the op amp exhibits a single-pole response, you can
compute its settling time from frequency and noise.gain data.
This approach works best at high noise gains.
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Fig. 9--0utput error decreues predictably as a function of the
number of time constants when the op-amp circuit exhibits a
single-pole response.

From the latter equation you can readily
compute the settling time to various accuracies.
For greatest convenience, perform this computa-
tion in terms of the time constant T = (a+1)/21TfT,

where a is the closed-loop gain. The amplifier
configuration of Fig. 8, for instance, has a time
constant (T) of 159 nsec.

Fig. 9 shows the number of time constants
necessary to reach a given error, assuming a
single-pole response. Thus, the amplifier config-
uration of Fig. 8 would take nine time constants or
1.44 IJ.secto settle to 0.01% . If the same amplifier
(GB=100 MHz) were connected as a unity-gain
inverter, its closed-loop bandwidth would equal
50 MHz, giving T =3.2 nsec and a settling time to
0.01% of 28.8 nsec.

Using the ideal single-pole response with no
slew-rate limiting to determine settling is a valid
approach. At worst it gives a first approximation
of the settling time, and this approximation gets
closer at high noise gains. Given an op amp
designed and specified for fast settling, you can
obtain an even closer approximation by adding to
the computed settling time that estimated extra
time required to slew to the final voltage.

.•.but multiple poles often occur
In some cases the op-amp circuit is not really a

single-pole system. Fig. 10 shows three typical
situations that add a second pole to the circuit. C,
represents the input capacitance of the amplifier
plus any stray capacitance from the summing
junction to ground, as well as (where applicable)
the output capacitance of the device driving the
op amp. C, combines with resistances Rand aRto
produce a pole located at -aRC,!(a+1) on the real
axis of the s-plane. The finite output resistance of
the amplifier, Ro, and load resistance RI. com-

Fig. 1~Three sources of extraneous poles appear in this
diagram: input capacitance, load capacitance and the op amp
itself. Ct compensates for output ringing and is best chosen
via experiments with the actual circuit components and
layout.

bined with output capacitance CL can add another
pole located at - RoRLCL/(Ro+RL).And the op amp
itself can add a third extraneous pole if it has an
extraneous high-frequency pole in its response as
noted.

In general, one of these "extra" poles will be
dominant; i.e., closer in frequency to the amplifi-
er's unity-gain frequency than the others. This
dominant pole, of course, converts our first-
order system into a second-order one and brings
up the possibility of complex conjugate poles that
produce ringing.

When ringing occurs, the amplifier must be
compensated by a feedback capacitor (Fig. 10).
You can determine experimentally the optimum
value for this compensation capacitor by observ-
ing the step response and adjusting a trimmer to
eliminate the ringing. Normally you want a
damping ratio of one, but in some applications
you may actually prefer a small amount of
overshoot.

Calculations reveal that if the frequency of the
second pole is at least 4x the op amp's c1osed-
loop bandwidth, the damping ratio will equal or
exceed one, and overshoot won't occur. Since
often you can quickly approximate the frequency
of the extraneous pole, you can use this rellltion-
ship to predict ringing in the circuit.

In the common situation where input capaci-
tance C, causes the second pole, a good starting
value for compensation capacitor C, is C,=C,/a.
Increase C, as necessary above this value to
achieve a damping ratio of one. (The other two
possible extraneous poles, even when they don't
dominate, may still add some phase lag to the
amplifier. This possibility explains the somewhat
higher value of C, often needed to give the
required compensation.)



~ DATA ACQUISITION & CONVERSION HANDBOOK

Success is just a design tip away
We conclude our discussion by offering six

brief, but important, hints on applying high-
speed op amps:

Keep all component leads as short as
possible, particularly at the summing junc-
tion. Also, diligently strive to keep stray
capacitance at the summing junction to an
absolute minimum.
Separate signal grounds from power
grounds, connecting them only at one
common physical point.
If you must locate the source or load some
distance from the op amp, use properly
terminated coaxial cable for best response.
If you mount the op amp on a pc board,
incorporate a ground plane into the board's
design for best performance.
Make the input and feedback resistors as
small as possible consistent with input-
source drive capability and amplifier-output
drive capability. A value in the range of 500
to 10oo{1 is commonly used for the input
resistor.
Use good power-supply bypass capacitors
and connect them right at the amplifier
power-supply pins. We recommend tanta-
lum capacitors in parallel with ceramics. 0
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Unity-gain buffer amplifier
is ultrafast

Applications where transmission-line drivers, active
voltage probes, or buffers for ultrahigh-speed analog-to-
digital converters are needed can use a stable buffer
amplifier capable of driving a relatively low-resistance,
moderate-capacitance load over a wide range of frequen-
cies. The circuit shown in (a) fulfills these requirements.
With a bandwidth of 300 megahertz, it exhibits no
peaking of its response curve, having a gain of virtually 1
(0.995) under no-load conditions and 0.; under a
maximum load of 90 ohms.

The circuit is a variation on a basic emitter-follower
network, which is inherently capable of wideband
performance. However, nQ feedback loops are needed
anywhere within the circuit to boost the gain at the high
frequencies. and dispensing with them contributes to the
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Wideband butter. Emitter-follower configuration yields unity gain
from de to 300 megahertz. Absence of feedback in circuit
contributes to buffer stability. Use of matched npo-pnp transistor
pairs ensures almost perfect input/output signal tracking (a).
Component layout is critical for circuit stability (b).

stability of the circuit. Also, using two matched npn-pnp
transistor pairs ensures close tracking between input and
output voltages (a task normally addressed by suitable
feedback circuitry) as well as low offset-voltage drift
(20 microvolts/OC).

The complementary-transistor pairs are 2N4854s
wired for active current sourcing and sinking so that
bipolar input signals can be processed. Each transistor
has a typical {3of 100. With the npn and pnp input-bias
currcnts tending to cancel each other, the resultant
input-bias current of the amplifier is ± 5 microamperes.

Layout is critical to the stability of thc circuit. The
buffer should be constructed as shown in (b). The two
transistor pairs are mounted close together. in holes
drilled in a copper-clad circuit board as shown. The
flanges on the TO-99 cases encapsulating the 2N485s
should be soldcred to the copper, which serves as a
ground plane. The collector of each transistor must be
bypassed by a O.I-microfarad ceramic-chip capacitor
mounted close to the transistor. This is done by standing
the capacitors on end, with the bottom contact lead
soldered to the ground plane and the top contact lead
soldered to the collector.

All leads must be less than '/1 inch in length and be as

directly wired as possible. One-eighth-watt resistors are
used throughout and are soldered to the transistor leads
as close as possible to the case. For clarity, not all
components are shown. For coupling to or from the

amplifier, subminiature radio-frequency connectors can
be mounted at the input and output ports of the buffer.

Typical characteristics of the unity-gain buffer circuit
are listed in the table. 0
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Voltage to frequency converters
Voltage-to-frequency converters in
recent years have become quite
popular due to their low cost and
application versatility in a variety of
electronic control and measurement
systems. Getting down to basic
definitions, a voltage-to-frequency
(V IF) converter is an electronic
circuit that converts an input
voltage into a train of digital output
pulses at a rate that is directly
proportional to the input.

A VIF converter with its transfer
function is illustrated in Fig. 1. An
important characteristic of the
transfer function is its high degree
of linearity; that is, the relationship
of input voltage to output pulse rate
is very nearly a straight line
function. Another important charac-
teristic is that the output pulses are
at levels that directly interface with
standard digital logic circuits such
as DTL, TTL and CMOS.

Not many years ago, V/F
converters were infrequently used
rack-mounted instruments, both
bulky and expensive. About five
years ago they first became
available as low-cost modular
devices that were easy to use and
had excellent linearity and stability
characteristics. As a result, the
application of V IF converters
increased rapidly.

A more recent development has
been the introduction of monolithic
V IF converters: miniature low-cost
devices. Fig. 2 shows examples of
both modular and monolithic high-
performance VIF converters.
How and why VIF converters are
used

The important feature of VIF
converters is that they convert
analog signals into digital form: a
train of serial pulses. Since the
output data is in digital form,
generally at TTL compatible voltage
levels, the analog input has been
converted into a noise-immune

output that can be transmitted over
considerable distances. The trans-
mission can be accomplished by a
twisted pair cable or coaxial cable.

Fig. 3 illustrates a common
application of VIF converters where
the output of a transducer is locally
amplified and then converted to a
digital pulse train by the VIF. This
pulse train is sent to a central
location where the data is recorded
and processed. In Fig. 3(a) the
pulses are counted over a fixed
period of time by a digital counter.
The output can then be converted t~
hard copy by a digital printer. Fig.

3(b) shows the analog data recon-
structed by the use of a frequency-
to-voltage (F/V) converter. Back in
analog form, the data can be
recorded on an analog chart
recorder.

A common application is to
transmit temperature or pressure
data from an industrial process in
this manner. The only restriction on
the analog data to be transmitted is
that it not change too rapidly for the
VIF converter to follow.
VIF as an AID converter

A VIF converter is actually the
front end of an analog-to-digital

(AID) converter. AID converters
change an analog input voltage into
an equivalent parallel digital output
code word for computer processing.
Since a VIF converter changes the
analog input into a train of pulses, it
is only necessary to convert the
pulse train into a parallel digital
code word. This is done by counting
the pulses for a fixed period of time,
as illustrated in Fig. 4.

Fig. 4 shows a complete AID
converter with a VIF converter as
the analog front end. Following the
VIF is a NAND gate controlled by a
precision timer which gates the
pulses through to a counter. The
counter counts the pulses until the
timer turns them off at the gate and
then holds the output as a parallel
digital word. As with other AID
converters, a trigger pulse initiates a
conversion by triggering the timer
and resetting the counter to zero.

The timer circuit must generate a
precise, stable timing pulse to
control the count. For example, if
the VIF converter has a full-scale
pulse rate of 10 KHz and the timer
circuit is set to produce a precise
0.4096-second pulse, then the full
scale output of the counter is 4096
counts: equivalent to 12 bits (212)

binary resolution. The circuit of Fig.
4 is then that of a complete l2-bit
AID converter.

With a good quality V/F convert-
er, this circuit will match the
performance of many commercial
12-bit AID converters. Its only
disadvantage is a relatively slow
conversion time of 0.41 second.
Nevertheless, in many control and
measurement applications this
speed is sufficient and the circuit
has the additional advantage of
excellent noise rejection at the input
by virtue of its 0.41-second signal
averaging time.

To obtain faster conversion times
one must use faster VIF converters
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at the analog input. V/F converters
today are available in a number of
full-scale frequency ranges with 10
KHz and 100 KHz being the most
popular; but there are also VIF's
with I MHz and up to 10 MHz
outputs available. If, for example, a
I-MHz V/F converter were used in
the circuit of Fig. 4, then a 12-bil
conversion could be done in just
4.096 msec, or 100 times faster than
with a IO-KHz V/F converter.

The AID converter circuit shown
in Fig. 4 is called a charge-
balancing, or quantized feedback,
AID converter, since this is the
circuit technique employed in the
VIF converter. This type of AID
converter falls into the general class
of integrating AID converters,
which includes methods known as
single-slope, dual-slope, and triple-
slope AID converters.

Integrating AID converters are all
relatively slow devices but have two
important characteristics. First,
they integrate input noise to give a
relatively noise immune conversion.
Second, the linearity curve for these
converters is a smooth one with
slight curvature. This curvature,
illustrated in Fig. 5, is the
nonlinearity of the converter and is
the maximum deviation from a
straight line, expressed in percent.
How VIF converters work

The charge-balancing, or quan-
tized feedback, technique used to

PULSE
RATE
OUTPUT

make a VIF converter is shown in
Fig. 6. This is a unique method of
realizing voltage to pulse rate
conversion with a very high degree
of linearity. The circuit consists of
an operational integrator with a
pulse generating feedback loop
around it.

The circuit operates as follows. A
positive input voltage causes a
current to flow into the operational
integrator through R,. This current
is integrated by the amplifier and
capacitor to produce a negative-
going ramp at the output. When the
ramp crosses the comparator
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threshold voltage at ground, the
comparator output changes state
and causes a pulse timing circuit to
generate a narrow voltage pulse.

This pulse controls switch S,.
which switches from ground to a
negative reference voltage for the
duration of the pulse. During this
time a narrow pulse of current flows
out of the integrator through R2.

This current pulse is also integrated
by the operational integrator, and
causes a rapid ramp up in the output
voltage for the duration of the pulse.
This process is then repeated,
creating a sequence of pulses that
are also buffered as the output of
the V IF converter.

A higher input voltage to the
charge-balancing circuit causes the
integrator to ramp down faster,
thereby generating pulses at a higher
rate from the pulse timer circuit.
Likewise, a lower input voltage
causes the integrator to ramp down
slower and generates pulses at a
lower rate than before.

The term "charge-balancing" is
appropriate since the feedback loop,
which is closed around the integra-
tor. causes an average of the current
pulses (through R2). Each current
pulse through R2 is a fixed charge of
value: VREF

Q=~x T=TI,

where T is the width of the pulse.
"Quantized feedback" is a term

that describes the feedback around
the integrator, which is in the form
of quantized current pulses rather
than a continuous current. The
linearity, and hence accuracy, of the
V IF converter circuit depends on
both the linearity of the integrator,
the constant width of the pulses
generated, and on the switching
characteristic of S,.
Calibrating a V IF converter

In applying V/F converters,
optimum accuracy in a given
application is desired. This is
achieved by properly calibrating the
converter for both zero and gain in
the given application. Fig. 7 shows
the connections required for a
monolithic V IF converter. This

device requires a bias resistor, compensating capacitors. It has
output pull-up resistor, and two provision for both an external zero

w
D
Do
>-
::J0..

~ 100 ... 000
o
-''">-
(3
(5

,
/,

/
/

/,,,
/

/
/

, NONLINEARITY

,
/

/
/

/
/

/
/

/

"

Fig. 7. Calibration of low-cost monolithic V/F converter.

+5VDC

+5VDC

'":..;~~,-
-5VDC



adjustment and external gain adjust-
ment. The connection shown is for a
10-KHz full-scale output frequency
with a + 10V full-scale input.

To calibrate this V/F converter, a
precision voltage reference source
and a frequency counter are
required. Set the counter for a
one-second time base and the
precision voltage source to +O.OIV
and adjust the zero trimming pot to
give an output frequency of 10 Hz.
Then set the precision voltage
source to + 10.OOOV and adjust the
gain trimming potentiometer to give
an output frequency of 10,000 Hz.
Proper zero and gain calibration
results in optimum accuracy by
eliminating zero and gain errors,
leaving only the nonlinearity.
Some appliOltions of VIF converters
REMOTE TRANSDUCER READ-
OUT IN A HIGH NOISE ENVI-
RONMENT

Fig. 8 shows a V IF converter
located at a transducer site. Because
of the high electrical noise environ-
ment, a differential line driver and
receiver are used to transmit the
pulse data over a twisted pair line.
At the readout location is a gate.
timer and counter. In this case a
BCD counter is used, which goes to
a driver and then' an LED decimal
display. If the timer is set to
generate pulses at desired intervals,
then the display is automatically
updated.
INTEGRATING A REMOTE
TRANSDUCER OUTPUT

A most useful application of a
V IF converter is as a zero drift
digital integrator. Fig. 9 shows a V IF
converter that transmits a fluid flow
rate in digital form. In this
application there is a difference in
ground potentials between the
remote location and the measure-
ment location. Therefore an optical
isolator is used to isolate between
the two grounds and transmit the
pulses.

At the measurement location. if
the pulses are counted for fixed
intervals the result is flow rate. If,
however, the counter is allowed to

"-- DIFFERENCE IN ~
GROUND POTENTIALS

At the remote location, the
channel counter steps the multiplex-
er input decoder through the various
channels in sequence. At the central
location the clock drives a digital
divider and a counter. The divider
gates the pulses from the V IF
converter to a BCD counter. The
channel counter drives a decoder
and display indicator that shows
which transducer output is being
displayed.
FUTURE PROGRESS IN V/F

At this point, V/F converters have
a bright future indeed. The advent
of low-cost, high-performance mon-
olithic units means that remote
industrial monitoring with a V IF
converter per transducer will be a
growing application area. At the
same time higher performance
modular devices will find applica-
tion in higher speed requirements.

run for a long period of time, it
totalizes the pulses to give the
integral of flow rate, or total flow.
The V IF converter is a perfect
integrator when its output is
totalized. A 10-KHz V/F, for
example, produces one output pulse
for every millivolt-second of input
signal.
MULTIPLE REMOTE MONITOR

Another type of remote monitor,
shown in Fig. 10, automatically
scans a number of transducer
outputs in sequence. transmitting
the measurement results to a central
location for display or recording.
This is done by using an analog
multiplexer in conjunction with a
synchronized set of counters and a
single V IF converter. An additional
line is required for clock pulses to
synchronize the counters at both
locations.



Voltage-to-frequency converters:
versatility now at a low cost
Modular units that fit in your hand and go for less than $50
are moving into low-cost instruments and systems, putting their
excellent linearity and temperature stability to wider use

o Voltage-to-frequency converters can be purchased
today for one tenth the price they were going for as rack
mounted instruments less than three years ago. This, to-
gether with the v-f converter's long-prized linearity and
temperature stability, accounts for the heightened inter-
est they now enjoy among systems designers.

There are other reasons as well. The converter's re-
cent evolution into a modular component package gives
it a size advantage that widens the range of appli-
cations. One such application-not to be overlooked for
certain data acquisition or control functions-involves
the v-f converter's capability to interface between
analog and digital circuits. By the same token, high
common-mode voltage isolation, ratiometric measure-
ments, and analog-signal integration also represent fer-
tile areas for v-f applications. It has already been put to
use in instruments that include low-cost 3'h-digit mul-
timeters, high-performance digital panel meters, and
hand-held probe-type digital multimeters.

While the modular component v-f converter is rela-
tively new, the basic technique of translating a given
voltage level into a frequency signal is not. Until fairly
recently, however, v-f converters have been available

TRANSFORMER·ISOLATED
POWER SUPPLY

~

only in the form of rather expensive instruments.
A v-f convcrter accepts an analog voltage or current

input and generates an output train of digital pulses at a
rate directly proportional to the amplitude of the input.
In its most basic form [see Fig. (a) in the accompanying
panel, "Converting v-to-f: three techniques"] conver-
sion is accomplished by allowing the incoming voltage
to charge a capacitor until it reaches a value equivalent
to a reference voltage. At that point, a comparator trig-
gers a monostable multivibrator which puts out a con-
stant-width pulse. Other variations [panel figures (b), (c)
and (d)] provide improved linearity and stability, or
permit output pulses to be synchronized to a clock.

Datel Systems Inc. uses the charge-balancing tech-
nique in its v-f converters [see panel Fig. (c)l. And, by
changing the connections at the external pins, the same
module becomes a frequency-ta-voltage converter. The
f-v connections remove the logic buffer and permit an
input pulse to be delivered to the timing circuit, and
voltage to be taken from the output of the op amp.

The v-f converter has as its key characteristics good
linearity-typically 0.002% to 0.05% over the input-out-
put operating range-and excellent temperature stabil-
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1. Isolation. Because the v·1 convener has a serial output the pulses can be transmllted through a single optical isolator The v-I converter
is floated at the high common-mode voltage at which the measurement is made, It is also powered by a floating and Isolated supply
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v, V. TIME OUTPUT OUTPUT +
BASE (SEC) RATiO DECIMAL

0.1 V 10V 0.1 10 0.010

1 V 10V 0.1 100 0.100

10V 10 V 0.1 1.000 1.000

10 V 1 V 10.000 10.000

10V 0.1 V 10 100.000 100.000

ity-typically 10 to 100 parts per million per 'C over the
operating temperature range. The analog input range is
o to + 10 v or 0 to -10 v for voltage inputs and 0 to + I
mA or 0 to -I mA for current inputs; there is an input
overrange of 10%.The most popular models today are
units having output pulse rates of 0 to 10kHz and 0 to
100 kHz. The outputs are usually constant-width pulses
compatible with diode-transistor, transistor-transistor,
or C-MOS logic levels, permitting a direct interface with
digital circuits.

On the input side, v-f converter modules take analog
inputs in the -10 v to + 10 v range, making them di-
rectly compatible with analog modules and ICS such as
operational amplifiers, sample and holds, analog multi-
pliers, ere. In addition, they also operate from standard
±15 v op amp power supplies drawing only a moderate
amount of current. V-f converters also have provision
for external trimming for precise calibration of zero-and
full-scale values.
Using y., as a-d

While the v-f module is a relatively slow way to con-
vert a-d, the cost is low and accuracy can be high. The
digital output of the converter is in serial form, and
must be counted over some period to give a final con-
version value in parallel form.

To get a complete digital measuring instrument, it is
only necessary to precede a v-f converter with a signal
cOnditioning circuit, such as a high input impedance
amplifier, and folIow it with a digital counter and dis-
play. Then, if the time base for the counter is set to one
second, the actual output pulse rate of the v-f converter
will be displayed. If a 10 kHz converter is used, a full-
scale value of 10,000would be displayed with a one-sec-
ond time base; with a Io.second time base a full scale
value of 100,000 would be displayed, although the

2. Ratlometrlc measurements. One converter is used as the input
v·f, a second converter is used as a reference and is followed by a
divide-by-N digital circuit. The output of the divide-by-N is used as
the time base for the digital counter.

counting time would be too long for many applications.
It is useful to discuss the characteristics of v-f convert-

ers in terms of well known a-d converter specifications.
For a v-f converter, conversion time is determined by
the time base, one second being a convenient time base
for many applicatious. For faster conversion time, a 0.1
second time base could be used, giving a full-scale
count of 1,000 for a 10 kHz converter. With a 100 kHZ
converter, the full-scale count is 10,000.

For an a-d converter, resolution is expressed in bits
and is determined by the number of parts into which
the full-scale range is divided. By comparison, a 10 kHz
v-f converter has a resolution of I part in 10,000, assum-
ing a one-second conversion time. This is equivalent to
a resolution of greater than 13 bits (I part in 8,192). A
100 kHz converter with a one-second time base gives
greater than l6-bit resolution (I part in 65,536).

Linearity is another important a-d converter specifi-
cation. A good a-d converter has a linearity of ±~ LSB
(least significant bit) over its full-scale input range. For
a 10 kHz v-f converter with a typical linearity figure of
0.002%, the linearity is equivalent to that of a 14-bit a-d
converter. Therefore, a 10 kHz v-f converter, as de-
scribed, has equivalent performance to at least that of a
13-bit a-d converter in both resolution and linearity.

The 100kHz converters, while offering better resolu-
tion, have generally worse linearity than 10kHZ con-
verters. The reason for this is that circuit parasitic time
constants vary with pulse duty cycle. At high output
pulse rates the smalI variations in pulse width with duty
cycle will be proportionately more significant, thus in-
creasing the amount of non-linearity. Therefore, the
best resolution and linearity are achieved with slower
pulse rates, namely the lO-kHzconverters with a IO-sec-
ond time base. These achieve better than 16-bit resolu-
tion with better than 14bits oflinearity.

A IO-second time base is prohibitive for many appli-
cations, but is obtainable by using a sample-and-hold
circuit with a long holding time. A large holding capaci-
tor is needed to make voltage decay negligible.

Another useful way of looking at v-f converters is in
terms of dynamic range. This specification is critically
dependent on linearity. Some v-f converters become



In its simplest form, Fig. (a), v-f conversion involves a
current source driving a capacitor that charges linearly to
a threshold voltage level determined by VRE •. At this volt-
age level, the comparator changes state and triggers a
monostable multivibrator which puts out a constant-width
pulse. At the same time a switch is used to discharge the
capacitor and the cycle repeats itself. If the current
source is designed to be proportional to input voltage, v-f
conversion takes place.

A better implementation of the ramp-threshold method
in Fig. (a) is the variation shown in Fig. (b). Here an oper-
ational integrator is used with a bipolar-transistor switch
across the integrating capacitor. Starting with a negative
input voltage, the circuit integrates in a positive direction
until the reference voltage level is reached. The com-
parator then trips and triggers the monostable multivibra-
tor, while at the same time resetting the integrator to zero
by means of the saturating transistor switch. The disad-
vantage of this circuit is that it seldom offers better than a
fraction of 1% linearity.

For higher linearity, the charge-balancing method is
preferred, Fig (c). Here voltage or current is fed to an op-
erational integrator. The output of the integrator goes to a
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precision pulse-timing circuit whose output drives a pul-
sed current source that pulls current pulses out of the
summing junction of the integrator. The current pulses
occur at a rate that exactly balances the positive input
current to the integrator.

This technique also can be used for frequency-te-volt-
age conversion by opening the feedback loop at the out-
put of the integrator and connecting the input pulses di-
rectly to the timing reference circuit, Fig. (e). In this case,
the input resistor of the integrator is also connected back
to the output to form a single-pole low-pass filter which
averages the train of input pulses.

Still another form, the "delta-sigma" converter, Fig.
(d), is used when output pulses must be synchronized to
a clock. Current pulses are generated by a D flip-flop
when the integrator output is high and when a clock
pulse is present. Note here the assumption that a nega-
tive input current or voltage is used, and that the pulsed
current source is operating in a direction opposite that of
(c). Output pulses are a result of ANDing the Q output of
the D flip-flop with input clock pulses. As a result the out-
put pulses are both proportional to the input voltage and
synchronous with the clock.

PRECISION
TIMING

REFERENCE
CIRCUIT
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nonlinear near zero and, therefore, the dynamic range is
limited. A lO-kHz v-f converter that holds its linearity
down to zero can be calibrated externally from an input
of 1.0 millivolt to its full-scale value of 10 v. This is a
dynamic range of 4 decades, or 80 dB. Similarly a 100-
kHz converter has a dynamic range of 5 decades, or 100
dB, if its linearity is maintained through zero. One mv is
chosen as a practical lower limit because of drift in the
zero-adjust potentiometer, long-term drift of the circuit,
and noise at the input to the integrator.

V-f converters have two other significant features
when considered for analog conversion. First is their
monotonicity. (A monotonic a-d converter is one that
has a continuously increasing output for a continuously
increasing input over the full input range of the conver-
ter.) A v-f converter is naturally monotonic because its
output pulse rate must increase with increasing input
voltage.

Second is the excellent noise rejection inherent in us-
ing a reasonably long time base like one second. Ran-
dom and periodic noise are effectively integrated over
the conversion period. Periodic noise, such as a 60 Hz
power pick-up, is effectively integrated when the con-
version period is long compared to the 60 HZperiod of
16.66 ms. For a 60 Hz noise that is integrated over an
unsynchronized I-second measurement period, the
noise rejection is approximately 46 dB; for a O.I-second
period the rejection is 26 dB.

Monitoring from a distance

Remote data monitoring is one application well
suited to the v-f technique. Remote monitoring can be a
difficult problem, especially when analog signals pass
through an environment with high levels of electrical
noise, as in a manufacturing facility where there is
heavy equipment. If a high degree of accuracy must be
maintained, analog signal transmission becomes pro-
hibitive.

An obvious solution is to transmit the signals in dig-

ital form. This can be done by applying the analog sig-
nal to an a-d converter. The digital pulses can then be
transmitted in parallel or serial format. If transmitted
serially, the pulses will have to be transformed ulti-
mately into parallel form at the receiving end for dis-
play or storage.

A superior solution in terms of cost is to use a v-f con-
verter to transmit the data directly in serial form. This is
a simple and effective way to achieve an accurate sys-
tem of 10 to 13 bits resolution (0.1% to 0.01%) if the
data rate is slow. At the monitoring end, the pulse train
can be simply counted for a one-second period and then
displayed to show the analog value. This can be done
with a low-cost 4-digit counter if a 10 kHz v-f converter
is used. The cost of the v-f converter is less than half
that ofa good 12-bit a-d converter.

Some instrumentation problems involve parameters
that must be derived from high-voltage measurements.
In these circumstances, transmission of the desired in-
formation back to normal ground-potential circuits re-
quires some form of isolation. One answer to this is to
use an isolation amplifier powered from a non-isolated
supply. If the data eventually is desired in digital form,
the output from the amplifier would then go to an a-d
converter. The cost of an isolation am plifier and a good
quality 12-bit a-d converter (0.024% accuracy) runs
around $200.

An effective alternative is to use a v-f converter with a
floating power supply while optically coupling the dig-
ital data back to ground-level circuitry. The v-f conver-
ter output is a serial pulse train and, therefore, requires
only one low-cost optical isolator for a total of roughly
$60. The isolated power-supply cost must also be fac-
tored in. This can be relatively low (around $50) if the
voltage is not too high (up to 1,500 v peak). For slow
data rates this part of the system, shown in Fig. I, is cur-
rently available for slightly over $100.

An interesting variation that would reconstruct the
original analog signal is shown dotted in Fig. I. This



might be useful for a feedback control system. Another
f-v converter hooked up to the isolator output recon-
structs the signal into analog form.

Measuring the ratio

Ratiometric measurements are important for appli-
cations in which a transducer output might be affected
by variations in the exciting power-supply voltage, as,
for example, in a resistor bridge. This can be overcome
by a measurement system that determines the ratio of
transducer output to excitation voltage.

There are several ways of taking this measurement.
One is simply to use a digital multimeter with ratio-
metric option. Such an option is usually obtainable on
the more expensive models of digital multimeters, and
sometimes on digital panel meters and a-d converters.
But, in general, this capability is limited to high-priced
models of a-d converters or digital panel meters, and
the range is usually quite limited. Many models permit.
only a ±10% variation in the reference voltage to
achieve ratiometric operation; some models go up to
about ±50%. This means that ratios with wide dynamic
range cannot be measured at all by conventional
means.

A simple and inexpensive way of using two v-f con-
verters for accurate ratio measurements over a dynamic
range of up to 1,000 to I is illustrated in Fig. 2. The
resistance-bridge transducer is excited by reference volt-
age VR which also goes to the input of v-f converter No.
2. The output of the bridge is amplified and goes to v-f
converter No. 1. The resulting pulse rate is fed to a dig-
ital counter circuit. The output pulse rate of v-f No.2
representing VR is fed to a divide-by-N circuit, and the
resulting pulse train is used as the time base for the
counter. The parallel output of the counter drives a nu-
merical display. Since the counting time is one half the
output period of the divide-by-N circuit, the output
count = 2N V,/VR•

The value of N can be chosen so that the time base is
one second or less. The table in Fig. 2 gives the results
for different values of V, and based on the use of a 10
kHz v-f converter with N equal to 500. The ratio mea-
surement can be made over a dynamic range of 1,000 to
I while keeping the time base one second or less. If the
time base is allowed to go to 10 seconds, the dynamic
range can be increased to 10,000 to 1.The time base can
also be shortened by a factor of 10 by using 1000kHzv-f
converters.

Integrating analog

Accurate analog integration over a wide dynamic sig-
nal range is difficult, especially over an extended period
like several minutes. The problem is drift error in the
operational integrator. In the end a very expensive, low-
input current amplifier with low drift must be used
along with an expensive, stable capacitor that has low
leakage and low dielectric absorption. Even with the
best of components, the operational integrator cannot
work well when the integration period exceeds 10 min-
utes. A simple alternative is an analog/digital integrator
using a v-f converter. The analog signal is applied to the
input of a v-f converter, and the output goes to a

counter operated in the totalizing mode to give a total
count equal to the time integral of the signal.

j Vftl ell =kf felt =k jelNftl elt/elt =kN

where N is the total count and k is a constant.
Because of the superior linearity, the integration is

accurate for a signal dynamic range of 10,000 to 1. Since
the output is an accumulated pulse count, there is no in-
tegrator drift as there would be with an operational in-
tegrator. Also, the counter can be stopped at any time
for an indefinite period without affecting the integrated
value. The limitation on the total integral is the total
count capacity of the counter. Therefore, counter capac-
ity must be based on the signal values and period of in-
tegration.

The actual integration time can be days if a counter
has sufficient capacity. Assume, for example, a signal
with an average value around 2 v but with occasional
high peaks up to 10v (full-scale input of the v-f conver-
ter). The output frequency of a 10 kHz converter is then
2 kHZ, on average. If an 8-decade counter is used
(99,999,999 full scale count), the integration period can
be as long as 50,000 seconds, or 13.88 hours. The
counter itself can be made from low cost ICS and be op-
erated manually or by an external logic signal.

F-v useful, too

-Applications using the counterpart to v-f converters,
the f-v converter, can include frequency measurements
in flowmeters and tachometer problems in motor speed
controls. Output pulse rates from these devices are used
to develop an analog voltage proportional to speed or
flow. The voltage, in turn, is usually fed back to regulate
the process or system. The f-v converter basically is an
analog pulse counter as the output voltage is linearly
proportional to input rate-with excellent temperature
stability. Once the pulse rate is in analog form at the f-v
converter output, other analog operations can be per-
formed. Subtracting the output of two f-v converters
gives an analog frequency difference, a quantity more
difficult to obtain by other means.

Another application of the f-v converter is in stabili-
zation and linearization of a voltage-controlled oscilla-
tor. veos with a high degree of linearity and low tem-
perature coefficients are quite expensive, especially if a
wide variation of output frequency is needed. Very high
quality veos use an oven-controlled inductance-capaci-
tance element (LC) to stabilize the frequency. On the
other 'hand, low cost veos have only moderate linearity
and temperature stability.

A low-cost veo can be combined with a low-cost f-v
converter to achieve a linearity of better than 0.005%
and a temperature coefficient of 20 ppmrC maximum.
As shown in Fig. 3, the f-v converter is used in a feed-
back loop to control the veo frequency. Of course, if a
pulse output is satisfactory for a system, a v-f converter
could be used directly. A large proportion of veos, how-
ever, are used with sinusoidal outputs and, in addition,
at frequencies higher than those available in v-f con-
verters. 0
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Consider v/f converters for data-
acquisition systems. They offer high resolution
and accuracy when used as analog-to-digital converters.

Examine the performance specifications of
voltage-to-frequency converters before you pick
an analog-to-digital converter for your application.
Three relatively inexpensive (under $100) meth-
ods-the successive-approximation, dual-slope and
voltage-to-frequency conversion schemes--ean
deliver equal accuracy, but each is used best in
a different application (Table 1).

Look at the key converter specifications (Table
2) to evaluate the performance of v f converters
compared to the two other methods. Some of the
most commonly specified parameters are resolu-
tion, linearity, conversion time, temperature sta-
bility and monotonicity (no missing codes).

V/f conversion: an alternative aid method

Seldom used until a few years ago, v f con..
\'ersion techniques are rapidly becoming popular
as an alternative to successive-approximation or
dual-slope techniques. There are several ways to
build a v f conversion circuit, but the charge-
balancing method (Fig. 1a) is the most popular.

If Yo" is positive, the integrator output ramps
down until its output voltage V" crosses the
comparator's threshold (ground, in this case)
and causes the comparator to change state. The
transition, in turn, triggers a precision timing
circuit that delivers a constant-width pulse. The
pulse gets fed to two places: a buffer circuit that
then feeds the output; and the integrator, where
the pulse causes the integrator output to rapidly
ramp up (Fig. 1b).

The timing circuit is, in effect, a precision
one-shot multi vibrator that is stable with both
time and temperature. The reference current, I""
must also be stable, and a precision regulator
with a voltage reference source is included for
that purpose.

Since the reference current is pulled from the
integrator summing junction for a fixed
amount of time, and at intervals determined by
the input voltage, the positive-input current feed-

ing the integrator balances the current pulses
being pulled out. The integrator can be made ex-
tremely linear and, when combined with the
charge-balancing feedback loop, can achieve non-
linearities as low as 0.00570.

To form an a d converter with the v/f tech-
nique, the output of the v/f circuit must feed a
counter that is gated for the desired maximum
count (for a converter with a 10-kHz output, a
four-digit BCD counter or a four-stage binary
'counter can be used).

Nail down the definitions first

Before you start comparing specifications,
make sure the specs are defined. Resolution tells
you the smallest quantity the converter can dis-
tinguish. Even though the quantity is usually an
analog voltage the resolution is given in terms
of bits: 8, 10, 12 or more.

The usable resolution of a converter can be less
than the stated resolution. However, because it's
a function of linearity and stability, the usable
resolution can often change with time and tem-
perature.

In the vIf form of an aid converter, the reso-
lution is determined by the full-scale frequency,
the time base and the capacity of the counter
used (Fig. 2). If a 10-kHz vlf converter is used
with a time base of 1 second and four decade coun-
ters, its resolution is one part in 10,000, or four
binary-coded decimal (BCD) digits. Successive-
approximation or dual-slope converters with
straight binary coding would have to deliver a
digital output of at least 13 bits to come close
(13 bits = 1 part in 8192). A v f-based aid
converter can also deliver straight binary. To
make a 12-bit unit, use three 4-bit binary count-
ers and set the time base equal to 0.4096 seconds.

In dual-slope converters, resolution is also a
function of integration time, clock frequency and
counter capacity. Successive-approximation units
use weighted current sources, and the number of
sources determines the resolution. The higher the
number of bits, the harder it becomes to main-
tain the linearity of the weighted sources.



Aid converter type Common applications

High-speed data-acquisition systems

Pulse-code-modulation systems

Successive approximation Waveform sampling & digitizing

Automatic test systems

Digital process control systems

Digital multimeters

Digital panel meters

Laboratory measurements

Dual slope Slow-speed data-acquisition systems

Monitoring systems

Ratiometric measurements

Measurements in high-noise environments

Digital multi meters

Digital panel meters

Remote data transmission

Voltage to frequency Totalizing measurements

Measurements in high-noise environments

High-voltage isolation measurements

Ratiometric measurements

Specification Successive approximation Dual slope Voltage to frequency

Resolution 12 bits 12 bits 12 bits

Missing codes none by careful design none, inherent none, inherent

Nonlinearity ±0_012% max. ±0_05 to 001 % max. ±0_005% max.

Diff_ nonlinearity ±1/2 LSB =0 =0

Tempco 10 to 50 ppm/oC 10 to 50 ppm/oC 10 to 50 ppm/oC

Conversion time 2 to 50 .us 5 to 77 ms 0_041 to 0.41 s

Noise rejection. 60 Hz None 40 to 60 dB 33_8 dB'

Linearity is the acid test of any aid converter
specification since resolution can be unusable if
linearity error doesn't hold to less than ± 0.5
LSB (1 LSB at the worst). At a fixed tempera-
ture, linearity is the only error that remains after
offset and gain errors have been adj usted out.

The linearity error of a converter is the maxi-
mum deviation of the output values from a
straight line drawn from zero to the maximum
output. For 12-bit aid converters a "good-qual-
ity," successive-approximation unit has a non-

linearity of about ±0.012?,o_ a dual-slope unit
about ± 0.05 to ± 0.01% and a vIf converter
about ±0.01 to ±0.005?,<_

The nonlinearity characteristic of successive--
approximation converters differs fundamentally
from that of the dual-slope or vIf. Typical non-
linearity curves are shown (slightly exaggerated)
in Fig. 3.

Both the vIf and dual-slope converter linearity
characteristics tend to have a bow that is caused
by the operational integrators used in the con-
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3. Nonlinearilies 01 vII and dual-slope aId converters
appear as a slight bow in the curve. However,succes-
sive-approximation nonlinearities make the curve jagged.

verters. By contrasJ, the successive-approxima-
tion converter's linearity is det2rmined by the
major-carry transitions of the weighted current
sources. These points are located chiefly where
1 2 and 1 4-scale current values are switched in
or out during the conversion process.

As shown in the graph of Fig. 3, a jump in the
curve signifies when a major-carry current value
is slightly off its correct value. A very lineal' con-
verter restricts these jumps to very small
amounts (±0.0127r for a 12-bit converter).

Don't let the converter slow you down

The v f converter takes the longest to do a
complete conversion. The time base used in Fig.
1 is 1 second for a single conversion-rather slow
for most applications. Dual-slope converters are
faster, with conversion times ranging from 5
ms to 100 ms.

Successive-approximation converters are the
fastest of the three, with conversion times as
short as 2 }J-sfor 12-bits. Most successive-approxi-
mation converters have conversion times between
3.5 and 50 J.Ls.

However, if time isn't a problem, you can in-
crease the time base to 10 seconds, add another
decade counter and, voila: a converter with a
rcsolution of one part in 100,000. Such a long
conversion time could cause difficulty in many
applications. And, the linearity of the 10 kHz unit
would not be commensurate (± 1 2 LSB) with
the increased resolution.

Since the time for conversion can be made
equal to the inverse of the line-voltage frequency,
the dual-slope converter can be designed to re-
ject much of the noise caused by the power line.
The integrating technique used by dual-slope and
v f converters gives them the ability to reject



The successive-approximation approach is the most
widely used (Fig. A) of the three most popular
conversion schemes, It compares the output of an
internal dla converter against the input signal, one
bit at a time, Therefore. N fixed time periods are
needed to deliver an output N bits long, but the
total time needed is independent of input-voltage
value,

The fi,·st step after the sta,·t pulse in a successive-
approximation conversion cycle is turning on the
~ISB, which sets the d a com·erter's output at half-
scale (Fig. B). This analog signal is then fed back
to the comparator. The MSB is left on if the dla con-
Yerter's output is smaller than the analog input.
and turned off if the output is larger.

~ext. the second bit is turned on. and the quar-
ter-scale ,·alue added to the dla com·erter output
and the comparator again does its job. This process
continues until the LSB has been tested and the
final comparison made, When the process is com-
plete, the cOIl\·erter signals this by changing the
state of its end-of-con\'ersion (status) output. Tht:'
final digital output can then be read from the out-
put of the succe::5sh'e-approximation register of the
con\'erter,

Sucf'essi\'e-approximation con\'erters can achie\'€'
coO\'er::;ion speeds of 100 ns/bit in medium-priced

($250 to $350) 8 and lO-bit units. Converters with
12-bit outputs are typically available with conver-
sion times ranging from 2 to 50 f-Ls.

Dual-slope units slow the pace

The dual-slope converte,· uses. a simple counter to
indirectly measure the input signal after an opera-
tional integrator con\'erts a voltage into a time
period (Fig. C). This scheme is the second most
commonly employed method and is used, almost ex-
clusiyely. in such insh'uments as digital ffiulti-
meters and panel meters,

The conversion cycle begins when the analog-
input signal is switched to the input of the opera-
tional integrator. The \'oltage is integrated
(Fig. D I for a fixed time period determined by the
clock frequency and the counter size, At the end of
the period. the integl'ator input is switched to an
internal reference whosc polarity is opposite that
of the original analog input, Thc reference is thcn
integrated until the output reaches zero and trig-
gers the comparator,

During the second integration, the clock is gated
into a counter chain that accumulates the count
until the comparator inhibits the clock. When the
clock signal stops, the com'ersion is complete.

I
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high levels of input noise.
For these two integrating converters, the

longer the signal is integrated, the better tlle
noise attenuation. When the integration period
equals a multiple of the i:Jverse of the line fre-
quency (for dual-slope units), the noise rejection
becomes infinite at integral values Tf", where T
is the integration period and f,. is the noise fre-
quency (Fig. 4). V f converters don't, in general,
use a period that is a multiple of any periodic
noise, and so the asymptote of the noise-rejection
curve is used to determine the rejection at a
given Till.

The v f converter's noise-rejection asymptote
rises by 20 dB pel' decade, and, for a 60-Hz power

f n • NOI SE FREQUENCY

T: INTEGRATION
PERIOD

I

4. Integrating aId converters can have exceptional noise·
rejection capability if you merely adjust their measure-
ment cycle to equal the perioc (or a multiple) of the
noise frequency to be rejected.

DUAL SLOPE
AID CONVERTER,

3112. DIGIT

o
CD

SUCCESSIVE J
APPROXIMATION

AID CONVERTER, :

12BITS.IS/.n I

DI~AL

5. Simple digital measuring systems can be built with
dual·slope (a) and successive-approximation (b) con·
verters. Both systems shown usually require signal con-
ditioning for each input.

line and a 0.41-s conversion time, the rejection
can be computed at 33.8 dB. Dual-slope converters
have rejection ratios as high as 60 dB when con-
version is synchronized with the noise frequency.

Successive-approximation converters have no
noise-rejection capability whatsoever. Input noise
at any time during the conversion process can
cause significant conversion errors. (Noise feeds
directly to the comparator and can change the
decision point.) The only way to minimize noise
is to add an input noise filter to the converter.

Temperature coefficients change converter specs

Operation at different temperatures can tre-
mendously alter converter performance, no mat-
ter which converter type you select. These
changes affect offset and gain, two important
converter parameters. Even though offset and
gain are adjusted during calibration, they can
change significantly with temperature.

Offset is a function of current-source leakage,
comparator bias current and comparator input
voltage offset. Gain (sometimes called scale
factor) is a function of the voltage reference,
resistor tracking and semiconductor-junction
matching-and is usually the most difficult pa-
rameter to control. Absolute accuracy is affected
by offset and gain changes, so if these change
during operation, output errors will occur.

And, if the linearity degrades, a converter can
actually skip output codes (become nonmono-
tonic). (An a d converter is said to have no
missing codes when, as the analog input of the
converter increases from zero to full scale or vice-
versa, the digital output passes through all of its
poss;b'e states.) Both the dual-slope and v f con-
verters are inherently monotonic because of their
integration techniques and the use of counting
circuits to deliver the digital output.

The successive-approximation a d converter,
on the other hand, is more prone to missing codes.
The code jumps occur when the analog transi-
tions between adjacent output codes become
greater than 1 LSB. Because the jumps can be
greater than 1 LSB, another spec differential
nonlinearity, becomes very important. Differen-
tial nonlinearity is defined as the maximum de-
viation of the size of any adj acent code transi-
tions from their ideal value of 1 LSB.

A specified differential nonlinearity of ± 0.5
LSB tells you that the magnitude of every code
transition is 1 LSB ±0.5 LSB, maximum. The
differential nonlinearity can reach a maximum
of ± 1 LSB before converter performance is in
doubt.

Picking the right converter for your applica-
tion is no easy matter. For example, digital mul-
timeters typically use a dual-slope converter since
high speed isn't necessary but high noise rejec-



6. V /f converters can be used in simple, remote data-
gathering applications since only a twisted pair of wires
is needed to transmit the signals (a). Differential line
drivers can be added if long transmission distances are
requireJ (b), or an opto-isolator can be used to elimi-
nate large, common· mode voltage problems (c).

MICROPROCESSOR

BASED

SYSTEM

7. A microprocessor or computer-based controller can be
used to make a multiple·channel data·collectlon system
with a v If converter at each point (a). If manual switch·
es are used instead of a timer, you can turn a v If-based
aid converter into an "infinite" integrator (b).
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8. The integration process in a v /f converter can be de-
fined in terms of millivolt·seconds for each pulse de·
livered. To get the total area. simply multiply the total
count by 0.001.

START
CONVERT

JL
9. If you use two v /f converters, you can make a high·
accuracy, ratiometric aid converter. Because of the wide
frequency span covered, the dynamic range of the con-
verter can reach 10,000:1.

tion is. However, in other applications, such as
in fast-throughput data acquisition, the succes-
sive-approximation converter must be used.

Dual-slope converters are widely used in appli-
cations requiring human interface in measure-
ment and control. A simple digital measurement
system (Fig. 5a) that uses a 3-1 2 digit, BCD-
output converter can handle various signal in-
puts. The instrumentation amplifier used on the
front end offers flexible gain settings with a
single resistor value change.

The converter can be either a modular unit
manufactured by several vendors 01' one made
from the various IC building blocks. In many in-
dustrial and even in some lab environments, pick-
up from 60-Hz radiation 01' magnetic coupling
can cause measurement problems. By including
a conversion time adjustment, you can synchro-
nize the clock to the 60-Hz line and obtain noise
rejection of more than 40 dB.

When multiple channels of data must be han-
dled and you need all the data quickly, use the
speedy successive-approximation converter. The
circuit shown in Fig. 5b is a commonly used sys-
tem organization for multichannel data acquisi-
tion. Although various analog-input devices
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might be slow in responding-and not require a
fast a d converter-the fast scanning rate of the
multiplexer may require a new conversion every
2 to 30 fl-S. Because of the speed requirement, the
a d converter can be an expensive part of the
system-costing between $100 and $300 by itself.
. You do have an alternative to sending analog

sIgnals over long cables to a central multiplexer.
Instzad of using a successive-approximation unit
split the converter into an analog front end (a
\' f cOIl\"erter) and the digital receiving end (the
timing and counting circuits) as in Fig. 6a.

To get even better noise immunity. you can
use se\·eral simple circuits to manipulate digital
levels. Cable runs of several thousand feet are
possible if you let the v f circuit feed a differen-
tial line driver that, in turn, feeds a twisted pair
terminated in a receiver (Fig. 6b). When electri-
cal isolation is critical, use optocouplers to sepa-
rate the "transducer output from the long lines
(Fig. 6c). This is especially important if large
ground potential differences are present.

Other converter-system variations are possible.
You can design a multichannel data-acquisition
system to operate under microprocessor control
with a minimum of hardware (Fig. 7a). Simple
totalizing a d converters can be built by using
manual start stop and reset switches (Fig. 'lb).

Drift·free integration is only one bonus

Unlike analog integrators that must use "su-
per high quality" components when the integra.
tion period extends past several minutes, the v f
integrator uses inexpensive components and can
even hold its value indefinitely .

A 10-kHz v f converter delivers a pulse every
0.1 ms if the input is 10 V, or a pulse every 1 ms
if the input drops to 1 V. You can manipulate
these facts and say that the converter generates
an output pulse for every millivolt-second of in-
put signal. The output-pulse count then repre-
sents a piece-by-piece addition of input voltage
time area (Fig. 8). The integral of the signal
with time is the total count multiplied by 0.001
volt-seconds.

vou can put together a ratiometric a d con-
verter (Fig. 9) by combining two v f converters
and a divide chain. Input V, acts as the numera-
tor and V, as the denominator, while the divide
chain acts as a scale factor.

S'nce the gating pulse is half the output period,
N, of the divider circuit, the counter output is

Count = 2NV, V,.
If you use 10-kHz v f converters, the time

base period is no longer than 1 second for ratios
of up to 1000 to 1. Unlike other ratio-measure-
ment methods that have rather limited dynamic
ranges, using two v f converters permits a pos-
sible dynamic range of 10,000 to 1. ••



Sending transducer
signals over 100 feet?
Try voltage-to-frequency converters.
They should give you the accuracy you need.

Eugene L. Murphy,
Applications Engineer, Date! Systems, Inc.

A common problem confronting system and instrument
engineers is the measurement of low level transducer
analog output signals after transmission over long wires
(100 ft or more). Fortunately, the problems can bc re-
solved by both traditional and newer, less known meth-
ods. The need for the remote monitoring of signals can
be for many reasons such as safety, due to potential
hazards at the actual monitoring site, for temporary
test setups at a nearby remote position, and of course,
for normal control applications and systems.

Remote monitoring can be a difficult problem, cspe-
cially when analog signals pass through an environment
with high levels of electrical noise, as in a manufac-
turing facility where there is heavy electrical equip-
ment. If a high degree af accuracy must be maintained,
analog signal transmission becomes especially prohibi-
tive beyond a few hundred feet.

One obvious solution ta the noise problem would be
ta transmit the signals in digital form. This can be done
by applying the analog signal ta an analog-ta-digital
(A/D) converter. The digital pulses can then be trans-
mitted in either parallel or serial format. If transmitted
serially, the pulses may have to be transformed ulti-
mately into parallel form at the receiving end for dis-
play or storage

A better solution, in terms of cost, is to use a voltage-
to-frequency (v /F) cooverter to transmit the transducer
data directly in serial form. This is a simple and effcc-
tive way to achieve an accurate system of 10 to 13 bits
resolution (0.1 % to 001 %) if the data rate is slow. At
the receiving end, the pulse train can be simply count-
ed for a I second period or less and theo displayed to
show the analog value. While this may be the" best ap-
proach'· for many applications, direct analog signal
processing using instrumentation amplifiers is far from
extinct

Here then are some important points, suggestions,
and applications to aid in selecting the most effective
method for your needs using commercially available

Fig, 1: Here is a typical transducer bridge circuit (a) and
Its equivalent circuit (b). The variable resistor, X, is the
actual monitoring transducer in the bridge.



Variable
Temperature bridge Transducer output

in resistance error voltage
C X (RTD) e2 -el

0 10011 o volts

1 100.39211 9.78 mV

2 100.78411 19.52 mV

3 101.17611 29.23 mV, , ,, , ,, , ,, , ,
10 103.9211 96.2 mV

1
10Vdc

1
}e,-e,

e2-el - V;xc (~~=)
with Vexc = 10 volts
and R=100 ohms,

then (e2 -ell = 5 (~ ~ ~gg)
where X is the RTD device

X(ll) = 100 +0.392(T)
T inClC

I-R
I
I
I
I
I
I
Fig. 2: This is the plot 01 a bridge transducer error volt-
age, e,-e, vs. the variable leg resistance, X. Plot shows
that there is excellent linearity between Rand SR for this
transducer, meaning that the transducer is good for
monitoring applications in the linear portion.

Input/output relationship:
eout = G(V"'in -V_In) + V,el

eout = G(e2 -ell + Vrel

Fig. 3: Simple sketch 01 instrumentation amplifier illus-
trates the input and output signals. The resistor, Rg, is
used to adjust the instrumentation amplifier's gain.

modular building blocks driven by transducers. So let's
start at the beginning, with the transducers.

Transducer signal source
Transducers often take the form of a Wheatstone

bridge as shown in Fig. 1. With the advantages of high
null resolution and means for temperature com-
pensating, the bridge has the ability to measure a min-
ute voltage differential appearing across it in the pres-
ence of significantly larger excitation and noise volt-
ages. In other words, the output is differential:

Vexc ( R ) Vexc ( X-R)e'-e' = -2--Vexc X+R = -2- X+R

where Vexc is the bridge excitation voltage and X is the
variable resistor branch.

The resistor X might be a strain gage element or a re-
sistive thermal device (RTO') which changes in a near-
linear manner with temperature. We will use the latter
as the X element in the Wheatstone bridge plot in Fig.
2. Note the excellent linearity between the values X =
R through X=5R A commercially available platinum
RTO' with suitable linearity exhibits nominal 100 ohm
resistance at O°C and a temperature coefficient of
+0.392 ohmsj"C; the output of a 100 ohm bridge be-
tween O°C and 10°C using this device is shown in
Table 1. With only millivolts of output, this circuit will
serve as a signal to be measured over long lines.

Amplify first
To be useful, the millivolt-level differential output of

the bridge must usually be amplified to levels well
above ambient noise. Specifically designed for this task,
the instrumentation amplifier (IA) in Fig. 3 will boost
the differential bridge output by 1000 times or more.
The actual gain is a function of the values selected for
the external gain setting resistor, Rg. This resistor en-
ables the user to set the full scale output to a con-
venient value. It is possible to use a variable resistor
here for final trimming.

Another benefit of the instrumentation amplifier is that
it amplifies on the difference in voltage between the
signal and signal-return leads. Interference signals on
both leads in the same phase are not amplified. This is
known as common-mode rejection (CMR) and is the
principal advantage of using these amplifiers. It is this
property that enables the amplifier to ignore ground
loop voltages due, for example, to the long wires while
responding to differential signals as mentioned above
for transducer outputs.

The RTO measurement system, shown in Fig. 4 illus-
trates the need for shielding and bypassing techniques
to minimize RFI (radio frequency interference) and line
frequency (60 Hz) interference. The need to keep the
bridge/ amplifier ensemble in close proximity to one an-
other, to bypass the amplifier power supply input ter-
minals at the amplifier socket and to return the shield
to the single point input reference ground are crucial to
the success of this system.
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Fig. 4: Bridge temperature transducer
IRTD) is hooked-up to an instrumenta-
tion amplifier. IA can be a Datel AM 201
or equivalent

eout=G(e,-e,) +Vref

:~(e,-e,1

Fig. 5 shows an IA transmitting its output, the ampli-
fied bridge signal, over long wires to a monitoring in-
strument. It is a fairly common practice to use twisted
and often shielded pairs of wires. Unfortunately, the ca-
pacitive effect of these wires degrades the amplifier's
frequency response, and encourages undesirable os-
cillation. In other words, this can distort the desired in-
formation being transmitted.

Permissible capacitive output loading of the instru-
mentation amplifier will vary from supplier-to-supplier;
typically this will range from 300 to 10,000 pF (picofa-
rads). Shielded twisted pairs of wire max have 25 pF ~f
capacitance per foot. So, in a 100 ft. run, equivalent ca-
pacitance would be 2500 pF. This is certainly not a lim-
iting factor, but it is one that must be seriously consid-
ered, especially when faced with longer telemetry dis-
tances.

A small series resistance, on the order of 50 ohms to

200 ohms, can be placed in the amplifier output to
maintain stability with capacitive loading. Series resist-
ance incurred with shielded twisted pairs of wire, (or
any good transmission line) is negligible; a practical
value is 50 ohms per mile, roughly 1 ohm per 100 ft.

You can see that direct analog measurement ap-
proach is vulnerable to all forms of electrical noise-
RFI, EMI and power line interference. Further, capaci-
tive loading can create amplifier instability and the
long lines, which can act as antennas, will themselves
induce undesired extraneous signals.

Finally, the amplifier can be scaled higher in order to
boost desired signals to the level of volts, improving
eMR capability while reducing the amplifier frequency
response. But this can be an advantage in low fre-

.quency because high frequency noise will be partially
filtered.

Transducer I
output

C el-eZ eo

Ideal (decimal point
10.225{ez-el) r~~~g programmable)

a 0.00
100mV 1.00

199.6mV 1.99
298.87mV 2.98

o 0
1 9.78mV
2 19.52mV
3 29.23mV

±1.999V
differential

analog input

\

Fig. 5: The RTD bridge output is amplified by an instru-
mentation amplifier and then sent over shielded twisted
wire pair. Note how gain resistor is calculated, and then
how the gain is used to overcome transmission losses.
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priced DPM will display the information through the addi-
tion of a divider and a AND gate.

Digital or analog readout?
Acknowledging that" moving pointer" readouts (or

analog meters) cost less, some features of the digital
panel meter (OPM) can far outweigh the analog meters:

• The DPM provides unambiguous readings with up
to 0.01 % resolution, with no guessing.

• The nPM presents a high input impedance to its
signal source, makin~ long line measurements less of a
chore.

• Many DPM's can be manipulated by digital sig-
nals to perform a surprising array of tasks.

In its simplest form, the DPM uses the single slope
conversion method. It is. in fact, nothing more than a
"dumb" counter which can be made "smart" by ex-
ternally controlling the interval over \•...hich pulses are
counted. This feature allows the OPM to perform like a
frequency meter. (See right hand portion of Fig. 6.)
This method can serve as a basis for digital transmission
of analog data But first. \\ hy should \\ e transmit digi-
tally'?

Digital vs. analog data transmission
The wide noise margin and the rclativcl~ large am-

plitude of logic levels make digital transmission highly

immune to the effects of noise. For example, millivolt-
level analog signals can be represented by transistor-
transistor logic (TTL) digital signals that vary between 0
to 0.8 volts for ZERO levels and 2.4 to 5.0 volts for ONE

logic levels. Commercially available vlF converters can
produce this type of output in the form of a digital
pulse train with a rate proportional to the analog input
amplitude (voltage).

Most vlF's have a 0 to 10 volt full-seale analog input
and they output either 0 to 10 kHz or 0 to 100 kHz dig-
ital pulse trains. The 10 kHz full-seale units are very
popular because of their extremely good linearity (ac-
curacy) performance. Linearity for the 10 kHz full seale
(F.S.) units is ±0.OO5% or ±'h Hz. Thus, if 5 volts are
applied to the input, the output pulse train will be a 5
kHz ± lh Hz rate, which is very accurate. For simple
systems, the hook-up is not very difficult. It can often
be "cook booked" from literature readil, available
from the module manufacturers.

To recap briefly, the information from the transducer
is amplified to a high level (I-lO volts); it is then used
to drive the input of the \. F cOllverter. The output of
the cornerter is thell transmitted via wires to an in-
dicator, which is most commonly a DPM.

Fig, 7; A F/V converter is added to the system in Fig. 6.
This addition presents an analog signal to the DPM.
eliminating the need for a divider or AND gate. It also

I

~- -1 ~ X- ~266vV

ov --t T t- =-=-~-~-24V

f-t
makes analog control signals available for other appli-
cations.



While it is not intended to be covered here, if you
had long wire runs of several hundred feet and more,
"ou should use a differential line driver to drive the
twisted pair. Then, at the other end of the line, you
would use a differential line receiver to feed the digital
counter.

Mating the V IF to the frequency meter
Fig. 6 shows the entire signal processing system using

an instrumentation amplifier to amplify and scale the
transducer output. a V/F converter to time encode and
digitally transmit the amplified analog signa~ and a
oPM to present a properly scaled numerical display of
the transducer voltage (temperature). This circuit fea-
tures a 2.4 volt noise threshold. Over long distances it is'
advisable to include a line driver at the vlF converter
output and a line receiver at the corresponding AND

gate input; these drivers minimize the edge-rounding
that can be caused by capacitive storage in a system.

Another approach-somewhat more complex-
presents a oPM with an analog input signal in the man-
ner shown in Fig. 7. Here, a vlF converter drives an Flv
converter (the vlF counterpart) over long lines and the
Flv drives the analog inputs of the oPM. This circuit re-
jects up to 1.8 volts of noise and is recommended for
applications where the conditioned analog signal, the
oPM input, must also be available for other system
functions.

Other applications using the FIv converter can in-
clude frequency measurements in flow meters and ta-
chometer problems in motor speed controls. Output
pulse rates for these devices are used to develop an ana-
log voltage proportional to speed or flow. The voltage,
in turn, can be fed back to regulate the process or sys-
tem. Basically, the Flv converter is a temperature stable
analog pulse counter with an output voltage that is pro-
portional to input rate. Once the pulse rate is in analog
form at the Flv converter output, other analog oper-
ations can be performed.

Because the vlF converters perform integration, they
actively reject time varying signals that are symmetrical
about zero. This feature provides even higher noise im-
munity in system applications.

All the components mentioned are readily available
products that can be obtained from numerous sources
ill a variety of forms, performance levels and prices.
Further, applications assistance and notes are offered
b, most manufacturers to help you with your require-
ments. •

References
1 197.') Omega Temperature Measurement Handbook, Copyright 1974 by

Omega EngineerinK,. Jne.
2. "\ottage 10 frequency converters versatility noVo' al low cost" by Eugene L.

Zuch. Electronics, May 15, 1975.
.'] Tran$duur MetUurementl, Second Edition, by Kenneth Arthur, Tektronix,

Inc, copyright., 1971.



~ DATA ACQUISITION & CONVERSION HANDBOOK

Frequency converter is a dual operator
by Eugene L. Zuch
Datel Systems

Voltage-to-frequency converters are analog/digital
interface devices that generate digital output pulses
at a rate linearly proportional to the input voltage.
Universal voltage-to-frequency converters have
pin-programmable input/output features that make
them extremely versatile devices for a wide variety
of applications. They operate:
• As voltage-to·frequency or frequency-to-voltage

converters with either positive or negative volt-
age or current inputs; or with either positive or
negative going output pulses.

• As an F/V converter with either positive or
negative output voltage. They are compatible
with DTL/TTL, CMOS, or other high level jogic
circuits.

The key specifications of Datel's 10 kHz and 100
kHz universal V/F converters are given in Table 1.
The main advantage to using a universal type of
V/F converter is its flexibility. Since it is pin·
programmable, it isn't necessary to stock various
models for different applications.
A typical V/F/V converter using charge balancing
is shown in Fig. 1. When operating as a V/F con-
verter, the VOUT terminal is connected to the Pulse
In terminal. Therefore, the timing reference circuit
is triggered by the integrator output as it passes
through a threshold level. The timing reference

circuit generates a precise, constant width pulse
that is converted into a current pulse by the charge
feedback circuit. The the current pulse, or charge,
is pulled from the integrator input terminal. The
rate of charge generation exactly balances the input
current to the integrator; therefore the output pulse
rate Is linearly proportional to input voltage or
current. The voltage pulses from the timing refer-
ence circuit are fed to a special logic buffering cir-
cuit. This circuit programs the pulse output level
and polarity. It also short-circuit proofs the unit.
The second amplifier in the diagram is a unity gain
amplifier, and is used to invert inputs when the
module is used as a V/F converter or to invert
outputs when used as an F/V converter. In the F/V
mode, pin 26 is connected to pin 1 and the input
pulses are applied to the Pulse In terminal. Thus,
the 10k input resistor at the + VII\'terminal is effec-
tively in parallel with C and the integrating amplifier
acts as a low pass filter that filters the current pulses
from the charge feedback circuit. An external
capacitor can be connected between the + IIN ter-
minal and Vou'!' to increase the filter's time constant.
The universal V/F converter's usefulness centers
around its analog/digital interfacing capability. The
V/F converter is like an A/D converter with serial
output pulses.

+lSY
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Fig. 1. The inverting amplifier shown in color switches the converter between the VIF and FIV
modes. External connections also in color are used when calibrating the converter in the VIF
mode. FIV calibrations are illustrated by dashed lines. Note the 10k gain pot and the 20k zero
adjust pot are used in both calibration procedures.



TABLE I
SPECIFICATIONS OF UNIVERSAL VIF CONVERTERS

Specification VFK·IOK VFK·IOOK

Input voltage 010 +IOY,Olo -IOv
Input current o to +1 ma. 0 to -I ma
Input Z (voltage) JOkohms

Frequency range o to 10 kHz 010100 kHz
Nonlinearity, max :to.005% :to.05%
Gain TempeD, mal =20 ppm/oC = 100 ppm/oC
Zero temp drift :t10 ~v/oC =10 ~y/OC
Outut pulse width 75 #sec 7.5 ~sec

Output loading 12TIUoads
Power requirement =15 vdc at 25 ma

Case size 2" x 2" x 0.375"

Price II to 91 $59 $79

A 10 kHz V/F converter has a resolution of one
part in 10,000, equivalent to a resolution of better
than 13 binary bits (one part in 8192). The worst
case linearity is 50 ppm, also equivalent to that of
a 13 bit AID converter. The gain temperature
stability of 20 ppm/oC for the Datel VFV·1OK,
combined with the resolution and linearity figures,
makes this unit equivalent to a high quality AID
converter. However, this is based on slow conversion
rates, and is not useful where high data conversion
rates are required, although somewhat faster con·
version times are possible by sacrificing resolution.
Alternatively, a faster unit, such as the 100 kHz
converter, can be used with a 0.1 second time base
to give the same resolution as the 10k unit, but
it does not have as good linearity.
The lower operating limit of these units is about
1 millivolt. This is due to the resolution of the zero
adjustment, long term stability, temperature drift,
etc. The useful dynamic range of both the 10 kHz
and 100 kHz models is 10,000:1, or 80 db.

Calibrating a VIF IV converter
In general, calibration is done in a manner similar to
that of AID converters with external gain and zero
adjustments made by trimming potentiometers. The
calibration steps for the V/F mode are as follows:
• Connect the unit as a V/F converter with zero

and gain trimming potentiometers as shown in
Fig. 1.

• Connect a precision voltage source to the input
and a digital counter set to a one second time
base to the pulse output.

• Set the precision voltage source to + 10.OOOVand
adjust the gain trimming potentiometer to give
an output count of 10,000 (VFV-I0K) or 100,000
(VFV-I00K).

• Set the precision voltage source to +O.01OVand
adjust the zero timming potentiometer to give an
output count of 10 (VFV·I0Kl, or 100 (VFV-I00K).

• Repeat the + 1O.OO0Vadjustment.
When used in the F/V conversion mode, the unit
can be calibrated in the V/F converter mode and

reconnected as an F/V converter; or the module can
be directly calibrated as an FIV converter using
the following procedure:
• Connect the module as shown in Fig. 1 with an

external 1 IJ.f(film type) integrating capacitor.
• Connect a pulse gerdrator to the pulse input and

set to give + 5 v negative going pulses 50 IJ.sec
wide for the VFV-I0K or 5IJ.sec wide for the
VFV-100K. Connect a digital counter to the output
of the pulse generator and set the pulse rate to
10 kHz for the VFV-I0K or 100 kHz for the
VFV-looK.

• Connect a 4'12 digit DVM to the voltage output
terminal; adjust the gain trimming potentiometer
to give + 10.000V output on the meter.

• Set the pulse generator output to 10 Hz for the
VFV-I0K and 100 Hz for the VFV-looK and
adjust the zero trimming potentiometer to give
+ 0.010V output.

• Repeat the + 10.000V adjustment.
In the calibration procedure as a VIF converter,
the module was shown connected as a positive input,
voltage to frequency converter. By using the current
input terminal, the unit becomes a positive input,
current to frequency converter with a current range
of 0 to 1 ma. For negative input voltages and cur-
rents, the inverting amplifier is connected ahead
of the integrator. Since this amplifier has both
current and voltage inputs, the ranges are 0 to
-10V for vol tage and 0 to -1 ma for current.

Operating point
The Logic Select terminal (pin 12) selects the logic
level used, either the 5 v levels for DTL/TTL or
the 15V levels for CMOS {lnd high level logic. Other
arbitrary logic levels between 5V and 15V can be
obtained by leaving the Logic Select pin open and
connecting an external resistor from the Pulse Out
pin to ground. The outputs are summarized in
Table II. For a given logic level VL, the value of
this resistance is derived from the equation:

+VL = 15 Rext
Rext + 10k
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TABLE II
PULSE OUTPUT PROGRAMMING

Pulse Type Pulse Output Logic Select Pulse Polarity

Positive going 5 v pulses +5 JLJLJL Ground +15v
0

+5 lfUlfNegative going 5 v pulses Ground Open
0

+15 JLUPositive going 15 v pulses Open +15 v
0

+15 unNegative going 15 y pulses Open Open
0

where Rex! is the external resistance between pin
10 and ground.
The Pulse Polarity terminal is connected to 15V
or left open, depending on whether the output pulse
is positive going from ground or negative going
from a positive level.
When used as a F/V converter, the feedback loop
is opened and the input pulses are fed directly to
the input of the timing reference circuit. These
pulses must be negative going pulses from a high
state greater than 2.0V to a low state less than
0.8V. The pulse width must be between 10 and 60
Jisec for the VFV-lOK and 1 and 6 Jisec for the
VFV-100K. For wider pulses and other waveforms,
input conditioning is necessary.

Acts as a filter
Again, in the F/V operating mode, the integrator
circuit is used as a single pole, low pass filter with a
time constant determined by the 10k ohm resistor
and capacitor C. The converter's output ripple mag-
nitude (Fig. 2) depends on the input pulse rate
and the value of C (Fig. 1). The capacitor values
shown include an internal value of 0.047 JiL In-
creased external capacitance gives better filtering
but sacrifices response time. When C = 1 Jif, the
peak to peak ripple component is 100 mV maximum
with a step response time of about 22 msec.
A V/F converter can be used to transmit data to
other locations with very high noise immunity. For
example, information from a transducer is amplified
to a high level (l to 10V) and is used to drive the
input of the V/F converter. The converter feeds a
twisted-pair cable that carries the signal through
the noisy environment. At the other end of the line,
a differential line receiver feeds a digital counter
and display, or alternatively an F/V converter. The
counter and display read out data directly.
In some cases, however, it might be desired to re-
construct the original analog signal. This is done by
using an F /V converter with an appropriate external
capacitor to convert the digital pulses back to the
analog signal. Using differential line drivers and
receivers results in very high noise immunity to
common mode noise.

~
'"1100 mV

INPUT PL\.SE RAT[

Fig. 2. Output ripple characteristics of the
F/F/V-IOk.

A universal V/F converter can be used to transmit
data directly from an industrial transducer with
4 to 20 ma output current. The V/F converter
differential line driver ahead of a is offset by a 2.5V
reference voltage applied to the inverting input
amplifier, and the output of this amplifier is fed
through a 10k ohm resistor to the summing junction
of the operational integrator and pins 1 and 2 are
shorted. A 665 ohm load resistor is connected across
the transducer's output. Because of the offset, a 4
ma transducer output corresponds to a zero input to
the V/F converter, and a 20 ma output corresponds
to a full scale input of lOV. The digitally trans-
mitted data from the transducer can then be read
out at the other location on a digital counter and
display.
The universal V/F converter has 4 inputs (+ A, + B,
-C, - D) including both the integrator and invert-
ing amplifier inputs. If the inverting amplifier is
used, it must have its output connected either to
the + VI:< input or through a 10k ohm resistor to
the + Ill" mput. Additional input resistors added
to the + IINterminal result in the algebraic sum-
mation and subtraction of the input signals. The
output frequency, assuming a 10 kHz model, is:

[A+B C-DJL 10V

In addition to the straight summation shown, sum-
mation with gain can also be achieved. In this case,
the inverting amplifier is used as a gain stage rather
than as an integrator. This is done by hanging input
resistors with values less than 10k ohms on the
-fiN terminal. Gain for a given input signal is
G = -lOk/R.
A number of data channels can be read out by a
single digital counter and display. The counter/dis-
play, for a low cost system, is simply switched from
one channel to another. Each data channel has its
own V/F converter that is programmed for the
particular transducer or signal used. Therefore gain,
addition or subtraction, inversion, etc., can be
individually accomplished for each separate infor-
mation channel.



Test your
V/F converter IQ
While V/Ps aren't new, today's designs transform them into highly
versatile, low-cost building blocks. 00 you know how to use them?

A basic understanding of the operation and
characteristic~ of the modern voltage-to-
frequency converter is a must for system or circuit
design enginee". Based on an old method. V/F's
in modular or IC form combine latest component
and design technologies into "data converters
with a difference." Not only do they compete for
traditional analog-to-digital interface applications
with ~uccessive-approximation and dual-slope
type converters, they also compete with discrete

Given: a typical V/F converter
Voltage-to-frequency converters generate a
train of output pulses with a frequency
linearly proportional to the input voltage.
The input range, generally 0 to +10V,
interfaces with such analog circuits as op
amps, multipliers and sample/hold amplifi-
ers. The output, which typically has a F.S.
range of 10 or 100 kHz, is DTl/TIl or CMOS
compatible to interface directly with digital
logic.

V/F converters list among their most
important features high linearity, excellent
temperature stability and low to moderate
cost. When used with a precision timing
circuit, gate and counter, they make a
complete A/D converter with high resolu-
tion, linearity and stability, but not high
speed.

Table 1 lists the key specifications of a
typical commercially available V/F
converter-the Datel Systems' VFV-l0K.

circuits of many types for cost-effective solutions
to general-purpose problems.

llnfortunately, though, V/F converters aren't
widely appreciated and are often misunderstood.
To correct this situation we present, as a test of
skill and (hopefully) a source of inspiration, 14
multiple-choice questions based on the unit
described in the box. The correct answers, along
with brief discussions of the principles involved,
appear elsewhere in this issue. Good luck!

ANALOG
INPUT

IOTa +1'o\n

INPUT VOLTAGE RANGE
INPUT aVER RANGE, MIN
INPUT IMPEDANCE
OUTPUT FREQUENCY
FREQUENCY aVER RANGE, MIN
PULSE WIDTH
RISE & FALL TIMES
SETTLING TIME TO 0 01~
OUTPUT COMPATIBILITY
FULL SCALE ERROR
OFFSET ERROR
NONLINEARITY MAX
TEMPca OF ZERO, MAX
TEMPCO OF GAIN MAX
POWER REQUIREMENT

010 +IQV

10","
lQkO
Ol010kHz

10","
70/lsec
200 nsee
1 PULSE AT NEW FREQUENCY
DTl/TTL OR CMOS
ADJUSTABLE TO ZERO
ADJUSTABLE TO ZERO
0005%
±30/lV/oC
±20 ppm/oC
± 15V DC 25 mA
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1. Which of the following circuit techniques has
no relation to V/F conversion?

a. Charge dumping
b. Voltage-controlled oscillator (VCO)
c. Charge balancing
d. Variable transconductance

2. Assuming that the linearity of the V/F convert-
er of Table 1 holds all the way down to zero input
voltage (which it does), and that the input offset
voltage can be accurately zeroed for an input as
low as +1 mV (which it can), what dynamic range
of the output frequency can be realized?

a. 60 dB
b. 66 dB
c. 80 dB
d. 100 dB

3. The V/F converter is useful for high noise-
immunity remote data transmission because:

a. It amplifies the input signal but not the
noise

b. It integrates the input signal, rejecting
noise

c. It transmits the data in the form of digital
pulses that are relatively noise immune

d. It can be used with an optical isolator at the
output for high common-mode rejection

C1 SETS INTEGRATOR
TIME CONST ANT

C2 SETS PULSE WIDTH
OF QNESHQT

Fig. 1

4. In the V/F converter of Fig. 1, how does the
stability of capacitors C, and C, affect the
accuracy of the converter?

a. C, directly affects the accuracy but C, does
not

b. C, directly affects the accuracy but C, does
not

c. Both C, and C, directly affect the accuracy
d. Neither C, nor C, directly affects accuracy

5. In the V/F converter diagrammed in Fig. 2,
how does the stability of capacitors C, and C,
affect the accuracy of the converter?

a. C, directly affects the accuracy but C, does
not

b. C, directly affects the accuracy but C, does
not

c. Both C, and C, directly affect the accuracy
d. Neither C, nor C, directly affects accuracy

..JL.
Fig. 3

Questions 6 through 9 refer to the voltage-to-
frequency type AID converter illustrated in Fig. 3.
The Vir converter used is described in Table 1.
6. To make a 12-bit binary AID converter, we use
a H-bit binary counter. Assuming that the V/F is
calibrated to give exactly 10 kHz at F.S. (+10V)
input, what should be the width of the pulse from
the timing circuit?

a. 0.4096 sec
b. 1.000 sec
c. 2.048 msec
d. 40.96 msec



7. To change the circuit of Fig. 3 into a 4-digit
BCD AID converter, which of the following
changes must be made?

a. Change the V/F converter to a 100-kHz unit
and the counter to a 4-decade BCD counter

b. Change the counter to a 4-decade BCD
counter and the timing pulse width to 1.000
sec

c. Change the timing pulse width to 1.000 sec
d. Change the counter to a 4-decade BCD

counter, and NAND gate to a NOR
8. For the 12-bit AID converter described in
Question 6, what is the approximate linearity?

a. :!:1/10 LSB
b. :!:1/4 LSB
c. :!:1/2 LSB
d. :!:1 LSB

9. Voltage-to-frequency AID converters possess
good noise rejection characteristics since they
average the input signal during the conversion
time. Assuming a 1.0-sec conversion time (or
counting time) for this type converter, what is its
noise rejection for 60-Hz input noise?

a. 2& dB
b 33.8 dB
c. 356 dB
d. 41.6dB

10. Which of the following is an advantage of
the successive approximation AID converter over
the voltage-to-frequency AID converter'

a. Noise rejection
b. Inherent monotonicity (no missing codes)
c. Excellent temperature stability
d. None of the above

11. Differential nonlinearity for an AID convert-
er is defined a$ the maximum deviation of any bit
size from its theoretical value of 1 LSB over the
full conversion range. Since a voltage-to-
frequency' AID converter has a smooth. bow-type
linearity characteristic, its differential nonlinearity
is approximately:

a. Zero
b. :!:1/2 LSB
c. :!:1 LSB
d. Cannot be determined

~OUARE
WAVE

OWl PUT

12. One of the applications for a V/F converter is
a voltage-controlled oscillator (VCO) with either
pulse- or square-wave output (Fig. 4). How does
the V/F converter basically differ from a VCO?

a. The V/F converter is linear over its full
operating range and the linearity holds
down to zero

b. The V/F converter is smaller and cheaper
c. The V/F converter has a pulse output,

whereas a VCO has a sine-wave output
d. No difference

13. Which of the following characteristics do
voltage-to-frequency and dual-slope AID con-
verters have in common?

a. Excellent noise rejection
b. Inherent monotonicity (no missing codes)
c. Slow conversion time
d. All of the above

:~+tA 1m (lftr--.
_4V~r 2T 3T 4T~ 6T

10
DIGIT

BCD
COUNTER

Fig. 5

14. Fig. 5 shows a pulsed sine wave wilh a
peak-to-peak amplitude of 8V. This waveform is
squared by an analog multiplier and then inte-
grated by applving It to a 10-kHz "IF converter
and counting output pulses for a specilied period
of time. If the capacity of the counter is 10 BCD
digits. what is the length of time over which the
waveform can be integrated?

a. 6944.4 hrs.
b. 3472.2 hrs.
c. 2777.7 hrs.
d. 1000 hrs. I I
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Presenting: the answers
to our quiz on V/F converters
To ace this exam you need more than just a passing familiarity with
VIPs. Our explanations should help clear up any misconceptions.

ANSWERS

1. d 8. b
2. c 9. d
3 c 10. d
4. b 11.
5 a 12
6. a 13 d
7. b 14. a

Fourteen questions do not an expert make. But
if you've answered all of our queries correctly,
consider yourself very well versed on at least the
basics of V/F converters. (An average score is 6-8
correct.) This quiz, combined with a careful
reading of the reference articles, should give you
an eXLelient grasp of the subject.

Our comments to the questions follow.

1. Variable transconductance is a circuit tech-
nique used for analog multiplication, division and
other nonlinear functions. It has no relation to
V/F conversion.

2. The analog input range is 1 mV to 10V; the
corresponding output frequency range, 1 Hz to 10
kHz. This represents a dynamic range of 10,000:1
or 80 dB.

3. Although band d are true statements, they do
not explain the VlF's high noise immunity in the
transmission of remote data. Rather, the reason
for c is that the analog information is converted

into a digital pulse train, which has relatively high
noise immunity compared to an analog signal.

4. Fig. 1 diagrams a charge-balancing V/F con-
verter. C, determines the amplitude of voltage
transition at the integrator output but does not
affect the accuracy of the output pulse frequency.
C, directly affects accuracy because the average
current pulled out of the integrator's summing
junction is directly determined by the width of
the pulse from the one shot.

5. A charge-dumping V/F is shown in Fig. 2.
Here C, directly affects accuracy since it deter-
mines how fast the output of the integrator gets
to the trip point of the comparator. C" on the
other hand, merely sets the output pulse width
and has no effect on accu racy.

6. A 12-bit binary A/D converter has a total of
4096 output states. Therefore, the pulse width
must be 0.4096 sec to produce this number of
states from a 10-kHz pulse rate.

7. The 4-decade BCD converter has 10,000
output states, so it needs a 1.000-sec timing pulse
width and a 4-decade BCD counter.

8. The V/F converter used has a nonlinearity of
0.005% max. that corresponds to about 1/4 LSB
out of 12 bits (1 LSB in 12 bits is 0.024%).

9. Noise rejection of an averaging type A/D
converter is 20 log 2Tf" where T is the averaging
or conversion time and fo is the noise frequency.
Therefore, 41.6-dB rejection of 60-Hz noise is
correct, based on the noise rejection asymptote.
Note that this doesn't assume that the 1.000-sec
conversion time is a precise multiple of the 60-Hz



period. If it were an exact multiple, the noise
rejection would be infinite.

10. Choices a, band c are characteristics of
integrating and voltage-to-frequency type A/D
converters. Successive approximation machines
are noted for their speed.

11. Because of the V/F converter's smooth
bow-type linearity characteristic, all bits over it~
full range are almost exactly the same size (1 LSB)
and the differential nonlinearity is very nearly
zero.

12. Choices band c are true in many cases, but a
is the best choice. A VCO is basically linear over a
limited range of output frequency and does not
operate down to zero frequency.

13. The best answer is "all of the above." We
might add that for a given resolution (;,,10 bits),
V/F based and integrating AID's generally cost
less than successive approximation types.

14. This question involves some computation.
At the output of the multiplier the squared sine
wave has an amplitude of +1.6V and an average
value of +0.8V. Since it is ON only half the time,
the actual average is +O.4V. This voltage produces
an average output frequency of 400 Hz from a 10
kHz V/F converter. The maximum integration
time in hours is then: T = 10"'/(400 x 3600) =
6944.4 hrs. n
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Glossary of Data Conversion Terms

This glossary defines the most often used terms
in the field of data conversion technology. Each
of the terms has been described or referred to
elsewhere in this book.

ABSOLUTE ACCURACY: The worst-case input to
output error of a data converter referred to the
NBS standard volt.
ACCURACY: The conformance of a measured
value with its true value; the maximum error of
a device such as a data converter from the true
value. See relative accuracy and absolute accuracy.
ACQUISITION TIME: For a sample-hold, the time
required, after the sample command is given,
for the hold capacitor to charge to a full scale
voltage change and then remain within a
specified error band around final value.
ACTIVE FILTER: An electronic filter which uses
passive circuit elements with active devices
such as gyrators or operational amplifiers. In
general, resistors and capacitors are used but
no inductors.
ACTUATOR: A device which converts a voltage
or current input into a mechanical output.
ADC: Abbreviation for analog-to-digital con-
verter. See AID converte>:
AID CONVERTER: Analog-to-digital converter.
A circuit which converts an analog (continuous)
voltage or current into an output digital code.
ALIAS FREQUENCY: In reconstructed analog
data, a false lower frequency component which is
the result of insufficient sampling rate, i.e., less
than that required by the sampling theorem.
ALIASING: See Alias FrequenC1J.
ANALOG MULTIPLEXER: An array of switches
with a common output connection for selecting one
of a number of analog inputs. The output signal
follows the selected input within a small error.
ANTI-ALIAS FILTER: See Pre-Sampling Filtel:
APERTURE DELAY TIME: In a sample-hold, the
time elapsed from the hold command to the actual
opening of the sampling switch.
APERTURE JITTER: See Aperture Uncertainty
Time.
APERTURE TIME: The time window, or time
uncertainty, in making a measurement. For an AID
converter it is the conversion time; for a sample-
hold it is the signal averaging time during the
sample-to-hold transition.
APERTURE UNCERTAINTY TIME: In a sample-
hold, the time variation, or time jitter, in the opening
of the sampling switch; also the variation in aperture
delay time from sample to sample.

AUTO-ZERO: A stabilization circuit which servos
an amplifier or AID converter input offset to zero
during a portion of its operating cycle.
BANDGAP REFERENCE: A voltage reference
circuit which is based on the principle of the pre-
dictable base-to-emitter voltage of a transistor to
generate a constant voltage equal to the extra-
polated bandgap voltage of silicon (~1.22V).
BANDWIDTH: The frequency at which the gain of
an amplifier or other circuit is reduced by 3 dB
from its DC value; also the range of frequencies
within which the attenuation is less than 3 dB from
the center frequency value.
BCD: See Binary Coded Decimal.
BINARY CODE: See Natural Binary Code_
BINARY CODED DECIMAL (BCD): A binary code
used to represent decimal numbers in which each
digit from 0 to 9 is represented by four bits
weighted 8-4-2-1. Only 10 of the 16 possible states
are used.
BIPOLAR MODE: For a data converter, when the
analog signal range includes both positive and
negative values.
BIPOLAR OFFSET: The analog displacement of one
half of full scale range in a data converter operated
in the bipolar mode. The offset is generally derived
from the converter reference circuit.
BREAK-BE FORE-MAKE SWITCHING: A char-
acteristic of analog multiplexers in which there is
a small time delay between disconnection from the
previous channel and connection to the next channel.
This assures that no two inputs are ever momen-
tarily shorted together.
BUFFER AMPLIFIER: An amplifier employed to
isolate the loading effect of one circuit from another.
BURIED ZENER REFERENCE: See Subsurface
Zener Reference.
BUSY OUTPUT: See Status Output.
BUTTERFLY CHARACTERISTIC: An error
versus temperature graph in which all errors are
contained within two straight lines which intersect
at room temperature, or approximately 25°C.
CHARGE BALANCING AID CONVERTER: An
analog-to-digital conversion technique which em-
ploys an operational integrator circuit within a pulse
generating feedback loop_ Current pulses from the
feedback loop are precisely balanced against the
analog input by the integrator, and the resulting
pulses are counted for a fixed period of time to
produce an output digital word. This technique is
also called quantized-feedback.
CHARGE DUMPING: See Charge Transfe,:
CHARGE INJECTION: See Chm'ge Transfer.
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CHARGE TRANSFER: In a sample-hold, the phe-
nomenon of moving a small charge from the sampling
switch to the hold capacitor during switch turn-off.
This is caused by the switch control voltage change
coupling through switch capacitance to the hold
capacitor. Also called charge dumping or charge
injection.
CHOPPER-STABILIZED AMPLIFIER: An opera-
tional amplifier which employs a special DC
modulator-demodulator circuit to reduce input
offset voltage drift to an extremely low value.
CLOCK: A circuit in an AID converter that gener-
ates timing pulses which synchronize the operation
of the converter.
CLOCK RATE: The frequency of the timing pulses
of the clock circuit in an AID converter.
COMMON-MODE REJECTION RATIO: For an
amplifier, the ratio of differential voltage gain to
common-mode voltage gain, generally expressed
in dB.

CMRR = 2010glo AD
ACM

where AD is differential voltage gain and ACMis
common mode voltage gain.
COMPANDING CONVERTER: An AID or DI A
converter which employs a logarithmic transfer
function to expand or compress the analog signal
range. These converters have large effective dy-
namic ranges and are commonly used in digitized
voice communication systems.
COMPLEMENTARY BINARY CODE: A binary
code which is the logical complement of straight
binary. All l's become O's and vice versa.
CONVERSION TIME: The time required for an
AID converter to complete a single conversion to
specified resolution and linearity for a full scale
analog input change.
CONVERSION RATE: The number of repetitive
AID or D/A conversions per second for a full scale
change to specified resolution and linearity.
COUNTER TYPE AID CONVERTER: A feedback
method of AID conversion wI-~reby a digital counter
drives a DI A converter whicl generates an output
ramp which is compared with the analog input.
When the two are equal, a comparator stops the
counter and output data is ready. Also called a
servo type AID converter.
CREEP VOLTAGE: A voltage change with time
across an open capacitor caused by dielectric absorp-
tion. This causes sample-hold output error.
CROSSTALK: In an analog multiplexer, the ratio of
output voltage to input voltage with all channels
connected in parallel and off. It is generally ex-
pressed as an input to output attenuation ratio in dB.

DAC: Abbreviation for digital-to-analog converter.
See DI A Converter.
D/A CONVERTER: Digital-to-analog converter.
A circuit which converts a digital code word into
an output analog (continuous) voltage or current.
DATA ACQUISITION SYSTEM: A system con-
sisting of analog multiplexers, sample-holds, AID
converters, and other circuits which process one or
more analog signals and convert them into digital
form for use by a computer.
DATA AMPLIFIER: See Instmmentation
Amphjie>:
DATA CONVERTER: An AID or D/A Converter.
DATA DISTRIBUTION SYSTEM: A system which
uses DI A converters and other circuits to convert
the digital outputs of a computer into analog form for
control of a process or system.
DATA RECOVERY FILTER: A filter used to
reconstruct an analog signal from a train of analog
samples.
DATA WORD: A digital code-word that represents
data to be processed.
DECAY RATE: See Hold-Mode Droop.
DECODER: A communications term for D/A
converter.
DEGLITCHED DAC: A DI A converter which in-
corporates a deglitching circuit to virtually elim-
inate output spikes (or glitches). These DAC's are
commonly used in CRT display systems.
DEGLITCHER: A special sample-hold circuit used
to eliminate the output spikes (or glitches) from a
DI A converter.
DIELECTRIC ABSORPTION: A voltage memory
characteristic of capacitors caused by the dielectric
material not polarizing instantaneously. The result
is that not all the energy stored in a charged
capacitor can be quickly recovered upon discharge,
and the open capacitor voltage will creep. See also
Creep Voltage_
DIFFERENTIAL LINEARITY ERROR: The maxi-
mum deviation of any quantum (LSB change) in the
transfer function of a data converter from its
ideal size of FSR/2n

.

DIFFERENTIAL LINEARITY TEMPCO: The
change in differential linearity error with temper-
ature for a data converter, expressed in ppm/oC of
FSR (Full Scale Range).
DIGITIZER: A device which converts analog into
digital data; an AID converter.
DOUBLE-LEVEL MULTIPLEXING: A method of
channel expansion in analog multiplexers whereby
the outputs of a group of multiplexers connect
to the inputs of another multiplexer.

DROOP: See Hold-Mode Droop.



DUAL SLOPE AID CONVERTER: An indirect
method of A/D conversion whereby an analog
voltage is converted into a time period by an
integrator and reference and then measured by a
clock and counter. The method is relatively slow
but capable of high accuracy.
DYNAMIC ACCURACY: The total error of a data
converter or conversion system when operated at
its maximum specified conversion rate or through-
put rate.
DYNAMIC RANGE:,The ratio of full scale range
(FSR) of a data converter to the smallest difference
it can resolve. In terms of converter resolution:

Dynamic Range (DR) = 2"
It is generally expressed in dB:

DR = 20 log\o2" =6.02n
where n is the resolution in bits.
EFFECTIVE APERTURE DELAY: In a sample-
hold, the time difference between the hold command
and the time at which the input signal equalled
the held voltage.
ELECTROMETER AMPLIFIER: An amplifier
characterized by ultra-low input bias current and
input noise which is used to measure currents in
the picoampere region and lower.
ENCODER: A communications term for an AID
converter.
E.O.C.: End of Conversion. See Sial us Oulput.
ERROR BUDGET: A systematic listing of errors
in a circuit or system to determine worst case total
or statistical error.
EXTRAPOLATIVE HOLD: See First-Order Hold.
FEEDBACK TYPE AID CONVERTER: A class of
analog-to-digital converters in which a D/ A con-
verter is enclosed in the feedback loop of a digital
control circuit which changes the D/ A output until
it equals the analog input.
FIRST-ORDER HOLD: A type of sample-hold, used
as a recovery filter, which uses the present and
previous analog samples to predict the slope to the
next sample. Also called an exlrapolative hold.
FLASH TYPE AID CONVERTER: See Parallel
AID CO""ertel:
FLYING-CAPACITOR MULTIPLEXER: A multi-
plexer switch which employs a double-pole, double-
throw switch connected to a capacitor. By first
connecting the capacitor to the signal source and
then to a differential amplifier. a signal with a high
common-mode voltage can be multiplexed to a
ground-referenced circuit.
FRACTIONAL-ORDER HOLD: A type of sample-
hold, used as a recovery filter, which uses a fixed
fraction of the difference between the present and
previous analog samples to prediclthe slope to the
next sa mple.

FREQUENCY FOLDING: In the recovery of
sampled data, the overlap of adjacent spectra caused
by insufficient sampling rate. The overlapping re-
sults in distortion in the recovered signal which can-
not be eliminated by filtering the recovered signal.
FREQUENCY-TO-VOLTAGE (F/V) CONVERTER:
A device which converts an input pulse rate into an
output analog voltage.
FSR: Full Scale Range.
FULL POWER FREQUENCY: The maximum
frequency at which an amplifier, or other device,
can deliver rated peak-to-peak output voltage into
rated load at a specified distortion level.
FULL SCALE RANGE (FSR): the difference be-
tween maximum and minimum analog values for an
AID converter input or D/ A converter output.
F/V CONVERTER: See Frequency-To-Voltage
Converlel:
GAIN-BANDWIDTH PRODUCT: The product of
gain and small signal bandwidth for an operational
amplifier or other circuit. This product is constant
for a single-pole response.
GAIN ERROR: The difference in slope between
the actual and ideal transfer functions for a data
converter or other circuit. It is expressed as a
percent of analog magnitude.
GAIN TEMPCO: The change in gain (or scale factor)
with temperature for a data converter or other
circuit, generally expressed in ppm/oC.
HIGH-LEVEL MULTIPLEXING: An analog multi-
plexing circuit in which the analog signal is first
amplified to a higher level (l to 10 volts) and then
multiplexed. This is the preferred method of multi-
plexing to prevent noise contamination of the
analog signal.
HOLD CAPACITOR: A high quality capacitor used
in a sample-hold circuit to store the analog voltage.
The capacitor must have low leakage and low dielec-
tric absorption. Types commonly used include
polystyrene, teflon, polycarbonate, polypropylene,
and MOS.
HOLD-MODE: The operating mode of a sample-hold
circuit in which the sampling switch is open.
HOLD-MODE DROOP: In a sample-hold, the output
voltage change per unit of time with the sampling
switch open. It is commonly expressed in V/sec.
or 11 VI 11 sec.
HOLD-MODE FEEDTHROUGH: In a sample-hold,
the percentage of input sinusoidal or step signal mea-
sured at the output with the sampling switch open.
HOLD-MODE SETTLING TIME: In a sample-hold,
the time from the hold-command transition until
the output has settled within a specified error band.
HYSTERESIS ERROR: The small variation in ana-
log transition points of an AID converter whereby
the transition level depends on the direclion from
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which it is approached. In most A/D converters
this hysteresis is very small and is caused by the
analog comparator.
IDEAL FILTER: A low pass filter with flat pass-
band response, infinite attenuation at the cutoff
frequency, and zero response past cutoff; it also
has linear phase response in the passband. Ideal
filters are mathematical filters frequently used in
textbook examples but not physically realizable.
I DIRECT TYPE AID CONVERTER: A class of
analog-to-digital converters which converts the un-
known input voltage into a time period and then
measures this period.
INFINITE-HOLD: A sample-hold circuit which
converts an analog voltage into digital form which
is then held indefinitely, without decay, in a register.
INPUT DYNAMIC RANGE: In an amplifier, the
maximum permissible peak-to-peak voltage across
the input terminals which does not cause the output
to slew rate limit or distort. Mathematically it is
found as

IDR (Input Dynamic Rangel~
•.GB

where SR is the slew rate and GB is gain bandwidth.
INSTRUMENTATION AMPLIFIER: An amplifier
circuit with high impedance differential inputs
and high common-mode rejection. Gain is set by one
or two resistors which do not connect to the input
terminals.
INTEGRAL LINEARITY ERROR: The maximum
deviation of a data converter transfer function from
the ideal straight line with offset and gain errors
zeroed. It is generally expressed in LSB's or in
percent of FSR.
INTEGRATING AID CONVERTER: One of several
types of A/D conversion techniques whereby the
analog input is integrated with time. This includes
dual slope, triple slope, and charge balancing type
A/D converters.
INTERPOLATIVE HOLD: See Polygonal Hold.
ISOLATION AMPLIFIER: An amplifier which is
electrically isolated between input and output in
order to be able to amplify a differential signal
superimposed on a high common-mode voltage.
LEAST SIGNIFICANT BIT (LSBI: The rightmost
bit in a data converter code. The analog size of
the LSB can be found from the converter resolution:

LSB Size =FSR
2n

where FSR is full scale range and n is the resolution
in bits.
LINEARITY ERROR: See Integral Linearity Error
and Differential Linearity ErrOl:
LONG TERM STABILITY: The variation in data
converter accuracy due to time change alone. It is
commonly specified in percent per 1000 hours or
per year.

LOW-LEVEL MULTIPLEXING: An analog multi-
plexing system in which a low amplitude signal
is first multiplexed and then amplified.
LSB: Least Significant Bit.
LSB SIZE: See Qualltlllll.
MAJOR CARRY: See Major Tmllsition.
MAJOR TRANSITION: I n a data converter, the
change from a code of 1000... 000 to Oill ... llll
or vice-versa. This transition is the most difficult
one to make from a linearity standpoint since the
MSB weight must ideally be precisely one LSB
larger than the sum of all other bit weights.
MISSING CODE: In an A/D converter, the charac-
tel-istic whereby not all output codes are present in
the transfer function of the converter. This is caused
by a non monotonic D/ A converter inside the A/D.
MONOTONICITY: For a D/A converter, the char-
acteristic of the transfer function whereby an
increasing input code produces a continuously
increasing analog output. Nonlllonotonicity may
occur if the converter differential linearity error
exceeds ± 1LSB.
MOST SIGNIFICANT BIT (MSBI: The leftmost bit
in a data converter code. It has the largest weight,
equal to one half of full scale range.
MSB: Most Significant Bit.
MULTIPLYING D/A CONVERTER: A type of
digital-to-analog converter in which the reference
voltage can be varied over a wide range to produce
an analog output which is the product of the input
code and input reference voltage. Multiplication
can be accomplished in one, two. or four algebraic
quadrants.
MUX: Abbreviation for multiplexer. See Analog
Multiplexer.
NATURAL BINARY CODE: A positive weighted
code in which a number is represented by

N = a02° + a12' + a222 + a323 + ... + an 2n
where each coefficient "a" has a value of zero or
one. Data converters use this code in its fractional
form where:

N = a12-1 + a22-2 + a32-3 + ... an2-n

and N has a fractional value between zero and one.
NEGATIVE TRUE LOGIC: A logic system in which
the more negative of two voltage levels is defined
as a logical 1 (true) and the more positive level is
defined as a logical 0 (false).
NOISE REJECTION: The amount of suppression of
normal mode analog input noise of an A/D converter
or other circuit, generally expressed in dB. Good
noise rejection is a characteristic of integrating
type A/D converters.
NO MONOTO IIC: A D/A converter transfer
characteristic in which the output does not continu-
ously increase with increasing input. At one or more
points there may be a clip in the output function.



NORMAL-MODE REJECTION: The attenuation of
a specific frequency or band of frequencies ap-
pearing directly across two electrical terminals.
In AID converters. normal-mode rejection is deter-
mined by an input filter or by integ-ration of the
input signal.
NOTCH FILTER: An electronic filter which attenu-
ates or rejects a specific frequency or narrow band
of frequencies with a sharp cutoff on either side
of the band.
NYQUIST THEOREM: See Sampling Them'em.
OFFSET BINARY CODE: Natural binary code in
which the code word 0000 .... 0000 is displaced by
one-half analog full scale. The code represents analog-
values between - FS and +FS (full scale). The code
word 1000 .... 0000 then corresponds to analog zero.
OFFSET DRIFT: The change with temperature
of analog zero for a data converter operating in the
bipolar mode. It is generally expressed in ppm/oC
of FSR.
OFFSET ERROR: The error at analog zero for a
data converter operating- in the bipolar mode.
ONE'S COMPLEMENT CODE: A bipolar binary
code in which positive and negative codes of the
same magnitude sum to all one·s.
PARALLEL TYPE AID CONVERTER: An ultra-
fast method of AID conversion which uses an array
of 2" -1comparators to directly implement a quan·
tizer. where n is the resolution in bits. The quantizer
is followed by a decoder circuit which converts the
comparator outputs into binary code.
PARALLEL TYPE D/A CONVERTER: The most
commonly used type of DI A converter in which
upon application of an input code. all bits change
simultaneously to produce a new output.
PASSIVE FILTER: A filter circuit using only
resistors, capacitors, and inductors.
POLYGONAL HOLD: A type of sample-bold. used
as a sig-nal recovery filter. which produces a voltage
output which is a straight line joining the previous
sample value to the present sample. This results
in an accurate signal reconstruction but with a one
sample-period output delay.
POSITIVE TRUE LOGIC: A logic system in whicb
the more positive of two voltage levels is defined
as a logical 1 (true) and the more negative level is
defined as a logical a (false).
POWER SUPPLY SENSITIVITY: The output
change in a data converter caused by a change in
power supply voltage. Power supply sensitivity is
generally specified in %/V or in %/% supply change.
PRECISION: The degree of repeatability. or repro·
ducibility of a sel'ies of successive measurements.
Precision is affected by the noise, hysteresis, time,
and temperature stability of a data converter or
other device.

PRE-SAMPLING FILTER: A low pass filter used
to limit the bandwidth of a signal before sampling
in order to assure that the conditions of the Sampling
Theorem are met. Therefore frequency folding is
eliminated or greatly diminished in the recovered
signal spectrum.
PROGRAMMABLE GAIN AMPLIFIER: An am-
plifier with a digitally controlled gain for use in
data acquisition systems.
PROGRAMMER-SEQUENCER: A digital logic
circuit which controls the sequence of operations
in a data acquisition system.
PROPAGATION TYPE AID CONVERTER: A type
of AID conversion method which employs one com-
parator per bit to achieve ultra-fast AID conversion.
The conversion propagates down the series of
cascaded comparators.
QUAD CURRENT SWITCH: A group of four cur-
rent sources weighted 8-4-2-1 which are switched
on and off by TTL inputs. They are used to imple-
ment AID and DI A converter designs up to 16
bits resolution by using multiple quads with current
dividers between each quad.
QUANTIZATION NOISE: See Quantization E,Tm:
QUANTIZATION UNCERTAINTY: See Quantiza-
tion ErrOl:
QUANTIZED FEEDBACK AID CONVERTER:
See Charge Balancing AID Converte>:
QUANTIZER: A circuit which transforms a con-
tinuous analog signal into a set of discrete output
states. Its transfer function is the familiar stair·
case function.
QUANTIZING ERROR: The inherent uncertainty
in digitizing an analog value due to the finite reso-
lution of the conversion process. The quantized
value is 'uncertain by up to ± Q/2 where Q is the
quantum size. This error can be reduced only by
increasing the resolution of the converter. Also
called quantization uncel·tainty or quantization
noise.
QUANTUM: The analog difference between two
adjacent codes for an AID or DI A converter. Also
called LSB size.
R-2R LADDER NETWORK: An array of matched
resistors with series values of R and shunt values
of 2R in a standard ladder circuit configuration.
RATIO METRIC AID CONVERTER: An analog-
to-digital converter which uses a variable reference
to measure the ratio of the input voltage to the
reference.
RECONSTRUCTION FILTER: See Data Recovery
Filter.
RECOVERY FILTER: See Data Recovery Filter.
REFERENCE CIRCUIT: A circuit which produces
a stable output voltage over time and temperature
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for use in AID and DI A converters. The circuit
generally uses an operational amplifier with a
precision Zener or bandgap type reference element.
RELATIVE ACCURACY: The worst case input to
output error of a data converter, as a percent of full
scale, referred to the converter reference. The error
consists of offset, gain, and linearity components.
RESOLUTION: The smallest change that can be
distinguished by an AID converter or produced by
a DI A converter. Resolution may be stated in per-
cent of full scale, but is commonly expressed as the
number of bits n where the converter has 2"
possible states.
SAMPLE-HOLD: A circuit which accurately ac-
quires and stores an analog voltage on a capacitor
for a specified period of time.
SAMPLE-HOLD FIGURE OR MERIT: The ratio of
capacitor charging current in the sample-mode to the
leakage current off the capacitor in the hold-mode.
SAMPLE-MODE: The operating mode of a sample-
hold circuit in which the sampling switch is closed.
SAMPLER: An electronic switch which is turned
on and off at a fast rate to produce a train of analog
sample pulses.
SAMPLE-TO-HOLD OFFSET ERROR: For a
sample-hold, the change in output voltage from the
sample-mode to the hold-mode, with constant input
voltage. This error is caused by the sampling
switch transferring charge onto the hold capacitor
as it opens.
SAMPLE-TO-HOLD STEP: See Sample-to-Hold
Offset Error.
SAMPLE·TO·HOLD TRANSIENT: A small spike
at the output of a sample-hold when it goes into
the hold mode. It is caused by feed through from the
sampling switch control voltage.
SAMPLING THEOREM: A theorem due to Nyquist
which says if a continuous bandwidth-limited signal
contains no frequency components higher than fc,
then the original signal can be recovered without
distortion if it is sampled at a rate of at least 2fc
samples per second.
SAR: Successive approximation register. A digital
control circuit used to control the operation of a
successive approximation AID converter.
SCALE FACTOR ERROR: See Gain Error.
SERIAL TYPE DIA CONVERTER: A type of
digital-to-analog converter in which the digital in·
put data is received in sequential form before an
analog output is produced.
SERVO-TYPE AID CONVERTER: See Counter·
Type AID Converter.
SETTLING TIME: The time elapsed from the
application of a full scale step input to a circuit to
the time when the output has entered and remained
within a specified error band around its final value.

This term is an important specification for opera-
tional amplifiers, analog multiplexers, and DIA
converters.
SHORT CYCLING: The termination of an AID
conversion process at a resolution less than the
full resolution of the converter. This results in a
shorter conversion time for reduced resolution in
AID converters with a short cycling capability.
SIGNAL RECONSTRUCTION FILTER: A low pass
filter used to accurately reconstruct an analog
signal from a train of analog samples.
SIGN·MAGNITUDE BCD: A binary coded decimal
code in which a sign bit is added to distinguish
positive from negative in bipolar operation.
SIGN-MAGNITUDE BINARY CODE: The natural
binary code to which a sign bit is added to dis-
tinguish positive from negative in bipolar operation.
SIMULTANEOUS SAMPLE·HOLD: A system in
which a series of sample-hold circuits are used to
sample a number of analog channels, all at the
same instant. This requires one sample-hold per
analog channel.
SIMULTANEOUS TYPE AID CONVERTER: See
Parallel Type AID Convertel:
SINGLE·LEVEL MULTIPLEXING: A method of
channel expansion in analog multiplexers whereby
several multiplexers are operated in parallel by
connecting their outputs together. Each multi-
plexer is controlled by a digital enable input.
SINGLE-SLOPE AID CONVERTER: A simple
AID converter technique in which a ramp voltage
generated from a voltage reference and integrator
is compared with the analog input voltage by a
comparator. The time required for the ramp to equal
the input is measured by a clock and counter to
produce the digital output word.
SKIPPED CODE: See Missing Code.
SLEW RATE: The maximum rate of change of the
output of an operational amplifier or other circuit.
Slew rate is limited by internal charging currents
and capacitances and is generally expressed in volts
per microsecond.
SPAN: For an AID or DIA converter, the full scale
range or difference between maximum and mini-
mum analog values.
START-CONVERT: The input pulse to an AID
converter which initiates conversion.
STATIC ACCURACY: The total error of a data
converter or conversion system under DC input
conditions.
STATUS OUTPUT: The logic output of an AID
converter which indicates whether the device is in
the process of making a conversion or the conver-
sion has been completed and output data is ready.
Also called busy au/put or end of conversion output.



STRAIGHT BINARY CODE: See Natural
Binary Code.
SUBSURFACE ZENER REFERENCE: A compen-
sated voltage reference diode in which avalanche
breakdown occurs below the surface of the silicon
in the bulk region rather than at the surface. This
results in lower noise and higher stability. The
reversed biased diode is temperature compensated
by a series connected, forward biased signal diode.
SUCCESSIVE APPROXIMATION AID
CONVERTER: An AID conversion method that
compares in sequence a series of binary weighted
values with the analog input to produce an output
digital word in just n steps, where n is the resolu-
tion in bits. The process is efficient and is analogous
to weighing an unknown quantity on a balance scale
using a set of binary standard weights.
TEMPERATURE COEFFICIENT: The change in
analog magnitude with temperature, expressed
in ppm/oC.
THREE-STATE OUTPUT: A type of AID converter
output used to connect to a data bus. The three
output states are logic I, logic 0, and off. An enable
control turns the output on or off.
THROUGHPUT RATE: The maximum repetitive
rate at which a data converison system can operate
to give specified output accuracy. It is determined
by adding the various times required for multi-
plexer settling, sample-hold acquisition, AID
conversion, etc. and then taking the inverse of
total time_
TRACK-AND-HOLD: A sample-hold circuit which
can continuously follow the input signal in the sam-
ple-mode and then go into hold-mode upon command.
TRACKING AID CONVERTER: A counter-type
analog-to-digital converter which can continuously
follow the analog input at some specified maximum
rate and continuously update its digital output as
the input signal changes. The circuit uses a DI A
converter driven by an up-down counter.
TRANSDUCER: A device which converts a physical
parameter such as temperature or pressure into an
electrical voltage or current.
TRANSFER FUNCTION: The input to output
characteristic of a device such as a data converter
expressed either mathematically or graphically.
TRIPLE-SLOPE AID CONVERTER: A variation

on the dual slope type AID converter in which the
time period measured by the clock and counter is
divided into a coarse (fast slope) measurement and
a fine (slow slope) measurement.
TWO'S COMPLEMENT CODE: A bipolar binary
code in which positive and negative codes of the
same magnitude sum to all zero's plus a carry.
TWO-STAGE PARALLEL AID CONVERTER:
An ultra-fast AID converter in which two parallel
type AID's are operated in cascade to give higher
resolution. In the usual case a 4-bit parallel con-
verter first makes a conversion; the resulting out-
put code drives an ultra-fast 4-bit DI A, the output
of which is subtracted from the analog input to form
a residual. This residual then goes to a second 4
bit parallel AID. The result is an 8 bit word con-
verted in two steps.
UNIPOLAR MODE: In a data converter, when the
analog range includes values of one polarity only.
VIF CONVERTER: See Voltage-to-Frequency
Converter.
VIDEO AID CONVERTER: An ultra-fast AID con-
verter capable of conversion rates of 5 MHz and
higher. Resolution is usually 8 bits but can vary
depending on the application. Conversion rates of
20 MHz and higher are common.
VOLTAGE DECAY: See Hold-Mode Droop.
VOLTAGE REFERENCE: See Reference Circuit.
VOLTAGE-To-FREQUENCY (VIF) CONVERTER:
A device which converts an analog voltage into a
train of digital pulses with frequency proportional
to the input voltage.
WEIGHTED CURRENT SOURCE DIA
CONVERTER: A digital-to-analog converter design
based on a series of binary weighted transistor
current sources which can be turned on or off by
digital inputs.
ZERO DRIFT: The change with temperature of
analog zero for a data converter operating in the
unipolar mode. It is generally expressed in J1-V/oC.
ZERO ERROR: The error at analog zero for a data
converter operating in the unipolar mode.
ZERO-ORDER HOLD: A nQme for a sample-hold
circuit used as a data recovery filter. It is used
to accurately reconstruct an analog signal from a
train of analog samples.





In April. 1979 Datel Systems was acquired by Intersil. Inc. and became
Datel-Intersil. Datel-Intersil is an established international leader in the
design and manufacture of data conversion circuits and systems. Intersil.
Inc. is a forward integrated. multi-technology company which designs and
produces a broad line of semiconductor components and systems including
add-on and add-in memory systems; it ranks among the 10 largest independent
semiconductor companies in the U.S.

With the growing importance of data acquisition systems in industrial.
military. and commercial applications. the combination of Intersil and Datel
product lines results in one of the broadest Jines of data acquisition products
in the industry. Further, a steady stream of significant new products is
assuring a leadership position in supplying the demand for the high per-
formance data acquisition devices of the 1980's.

These products are manufactured by one 01' more of the following tech-
nologies: monolithic CMOS, monolithic bipolar, thin-film hybrid. and discrete
component circuits. Many new products employ a combination of technologies
to achieve the desired performance.

The present data-acquisition product lines of Datel-Intersil include: AID
and DI A converters. sample-holds, analog multiplexers, operational and
instrumentation amplifiers, VIF converters, voltage references, temperature
sensors, digital panel meters, digital panel printers, data loggers and readers,
data acquisition systems, computer analog I/O boards, digital voltage cali-
brators, power supplies and DC-DC converters.

For information on any of these products. please fill out a Request for
Information form ancl send to:

DATEL-INTERSIL, INC.
H Cabot Boulevard
Mansfield, Massachusetts 02048
Telephone: (617) 339-9341
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